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MEMBERS AND FRIENDS 
OF THE AUDIO ENGINEERING SOCIETY 


Our Eleventh Annual Convention is near at hand. Last year the 
convention was the most successful we have ever had. Over 
seventy outstanding technical papers were presented. This year 
you can again help to make the 1959 convention an even greater 
success than the last, by submitting a paper as well as urging 
others to submit theirs. If you cannot present a paper yourself 
do plan to have someone read it for you. In fact, if you know of 
an audio engineer who needs to be encouragd to write a paper 
won't you please let us know. This year the convention will be 
held the week of October 5-9, at the Hotel New Yorker in New 
York City. As before, general subjects will cover: Disk Recording 
and Reproduction; Loudspeakers; Studio and Speech Input Sys- 
tems; Magnetic Recording and Reproduction; Artificial Reverber- 
ation; Stereo Perception; Amplifiers; Audio Applications; Music 
and Electronics; Measurements and Standards in Audio. Paper 
titles, their twenty-five to fifty word summaries and any sugges- 
tions that you may have should be sent to: 


Harry L. Bryant 
AES Convention Committee 
c/o Radio Recorders 

7000 Santa Monica Boulevard 
Hollywood 30, California 
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in 
the 


spring 


A new intermodulation meter. H’m, this used 
to be true; now he thinks of one in the fall, too. 
As standards for amplifiers, pickups and recorders 
improve, many a designer has found that his 
old intermodulation meter has more residual 
IM (leakage) than the products he designs! 
Have you checked yours recently? Just con- 
nect its signal generator directly to the analyzer 
section and measure IM. 


ail intermodulation meters have six delicious features: 
compact—on 8-3/4” x 19” panel 
wide low frequency range—40 to 200 or 400 cps 
wide high frequency range—2000 to 20,000 cps 
low residual IM (leakage)—under 0.05% 
vtvm included—30, 100, 300 mv; 1, 3, 10, 30, 

100 volts, full scale 

low price 


used by such leading equipment manufacturers as: 
Admiral, Ampro, Arvin, Blonder-Tongue, Boeing, 
Bogen, Fairchild, GE, Hazeltine, Langevin, Low- 
rey Organ, Marantz, N. V. Philips, Radio Crafts- 
men, RCA, Rock-Ola, Seeburg, Sonotone, Stancor, 
Stromberg Carlson, Warwick and leading record- 
ing organizations like RCA and Capitol 


DO YOU KNOW ABOUT OUR NEW MODEL 168? 


Write for new Catalog A-2 
SEE US AT THE AUDIO ENGINEERS EXHIBIT 


the young engineer’s fancy turns lightly to} 


. 


135 West 14 Street, New York 11, New, 


station 


WNTA 


brings high fidelity to 
commercial radio with the 
‘LISTENING MAN’S FILTER’ 


BLONDER-TONGUE 
AUDIO BATON 


One of the nation’s fastest growing AM and FM stations has scored 
an outstanding success with its listeners by bringing high fidelity 
sound to commercial radio. WNTA refers to the secret ingredient 
responsible for this as the “Listening Man’s Filter”. WNTA station 
manager, Irv Lichtenstein recently announced that the “Listening 
Man’s Filter” is actually the Blonder-Tongue Audio Baton. 


The station’s chief engineer, H. L. Dabrowski, described the Audio 
Baton as follows: “L-M-F, the ‘Listening Man’s Filter’ (Audio 
Baton) is an electronic device that emphasizes or de-emphasizes 
certain critical frequencies throughout the audio spectrum. It is a 
very refined form of tone control without the limitations of the 
average tone control device. The usual device tends to mask 
frequencies, other than those for which it is set, in the audio spectrum. 
L-M-F allows complete control of nine frequencies individually with- 
out any of the masking difficulties encountered in the past.” 

Not only does WNTA Radio use the Audio Baton during its daily 
broadcasts, but every hour on the hour, it dramatically merchan- 
dises this new sound . . . by demonstrating the difference between 
a musical selection played with and without the Baton. The differ- 
ence is so striking that enthusiastic listeners have applauded it as 
a step forward to better musical broadcasts. Engineers, too, have 
deluged WNTA Radio with requests concerning the identity of the 
“Listening Man’s Filter”. Now, the secret is out—it’s the Blonder- 
Tongue Audio Baton. 


Perhaps you, too, would like to improve the quality of musical 
broadcasts or recording at your station, the Audio Baton is a low- 
cost solution. Only $119.95. 


Sold through distributors, or write direct for further details. Dept. 
AES-10. 


BLONDER-TONGUE LABORATORIES, INC. 
9 Alling Street, Newark 2, N. J. 
hi-fi components « UHF converters * master TV systems 
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industrial TV systems « FM-AM radios 
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The most advanced 
stereophonic 

tape recording console 
available today. 


meter panel optional 
not shown 


POWER ae sea 115 Volts, 60 Cycle, 350 Watts. e SPEED 


7'2 and 15 1 
Sec. @ Stoppi 


Inches. 
a oe FR 


@ STARTING-TIME TO FULL SPEED : 0.2 
ING DISTANCE IN WORKING MODE: 112 
INDING-TIME 2400 FT.: 112 Min. @ STOP- 


re te on ie apo age 4 Sec. @ Byer 3 


Wy . 


AUD “Wha, doce 


exploded view 


These two microphones are of the most recent design and are built to specifications 
more rigorous than those of older models. The omnidirectional and 

pickup patterns. The M251 may be set for. omnidirectional, cardioid and figure-eight 
Patterns. Each of these microphones is supplied with its own individual frequency run . 


_ FREQUENCY RESPONSE: 30 CPS—20 KCS e gym rscnh 1 KC 1.2mv wbar at an 


- of 200 ohms @ POWER 
@ OUTPUT CONNECTOR: Cannon Type UA. woe 


Bieedtibas $340.00 
a sovvios tesitiys ore aaisiilitias them Wosh 


. Complete 
Cees my bse at sant sien For further information and free illustrated brochure, 


lease write to: AUDIO FIDELITY PROFESSIONAL PRODUCTS, INC. EK 
-770 Eleventh Avenue, New York 19, New York e PLaza 7-2344 
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Shown is PICKERING'’s Collectors’ Ensemble, Model 380E with 3 styli for stereo-microgroove-78's: 


Only the Stanton Stereo FLUXVALVE features the safe, 
comfortable, easily replaceable stylus assembly. 


*% PICKERING — for more than a decade — 
the world’s most experienced manufacturer 
of high fidelity pickups .. 

recording industry. 


WHO CAN HEAR THE DIFFERENCE 


FOR THOSE 4 
a 


ickering 


PICKERING & CO., INC., PLAINVIEW, NEW YORK 


The extra measure of quality in every 
PICKERING product adds extra value... 

extra convenience...to any high fidelity system! 

The beautifully simple sculptured lines... the low, 

sleek profile. ..the new look in quality stereophonic 
pickups—this is the shape of good things to come—this is 
the PICKERING Collectors’ Series. 


Without question, the 380 is the finest— 
with more features and more flexibility than any other 
stereo pickup in the world. For example— the 3C90 is fully 
encapsulated in precious mu-metal 

for absolutely hum-free performance. 


Visit your dealer for a demonstration today, you will 
love the live, eager response to every nuance in 

the record groove...you will find yourself 

listening to a bright, delightful quality. ..second 
only to the original live performance. 

The only true way to judge a high fidelity component 
is to compare it with another...measure 

its performance with the most vita! instrument of 
all...the ear. Those who can hear the difference... 
choose PICKERING*. 


COLLECTORS’ SERIES 


Totally new and unique to high fidelity is the “Collectors’ E bie”...a 
complete .uality “pickup-package” for reproduction of all records—stereo 
—microgi cove—78’s. 


Model 380E—Collectors’ E bie, includes the Stanton Stereo FLUXVALVE 
with 3 “V-GUARD” styli for stereo, microgroove and 78 rpm records $60.00 


Model 380A—Includes Stanton Stereo FLUXVALVE with D3807A “‘V- — 


Sieees TT GRITS GIG occ ccc ccscsccescccccescscet $ 
Model 380C—Inciudes Stanton Stereo FLUXVALVE with D3807C “V-GUARD” 
PP er ee $29.85 


PRO-STANDARD SERIES 


it may interest you to know that in one short year, PICKERING’S Pro- 
Standard Series has become an industry standard...the universal choice 
of professionals. Now, the new and revolutionary PAC® technique developed 
by PICKERING has effected economies in manufacture which permit a 
reduction in the price of the Pro-Standard Series. 


Model 371A Mk Ii Stanton Stereo FLUXVALVE Pickup now ........ $26.40 
Model 371C Mk Il Stanton Stereo FLUXVALVE Pickup now........ $24.00 


Model 196 Mk Ii UNIPOISE Arm with integrated Stanton Stereo FLUXVALVE 
ere rer rey rrr rrr re er re rr erie $49.50 


*PICKERING AUTOMATED CRAFTSMANSHIP 


FLUXVALVE. ‘*V-GUARD:* ‘*T-GUARD’° UNIPOISE PAC 12) 
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THE POINT © 


You place the stylus of your stereo pickup on a Capitol stereo 
record. The music begins...and you hear all around you the 
proof of this promise: 
The symbol of Capitol Full Dimensional Stereo 
IS the surest sign of the finest sound. 
What makes it so? Many a pioneering Capitol idea...like the 
exclusive patented, protective T-Rim, an important advance 
in record-making. 


Some records are flat. They can slip on 
the turntable (or against other records 
stacked on a changer) and damage the 
groove area. 


Other discs are thickened more at the 
label than at the rim. Grooves are pro- 
tected, but the record may still slip, dis- 
torting the music. Edge warping can also 
occur. 


Capitol Records, thickened slightly at the 
label and slightly more at the T-Rim, 
protect the grooves and provide solid con- 
tact around the entire circumference for 
better torque. Result: No slip, no scrape. 


Sr. 
Even the vinyl-compound mix now used by Capitol is exclusive. 
The industry problem was this: 45°-45° stereo record groove, 


with both lateral and vertical modulations, is extremely dif- 
ficult to mold. And imperfect molding causes surface noise. 


The new formula, developed after five years by Capitol 
engineers, flows better and produces more precise record 
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where Capitol Full Dimensional Stereo proves its superiority 


Stylus in stereo record groove, magnifed 250 times. 


grooves (like those in the magnified photograph at top). The 
compound also strengthens grooves, actually enhances tonal 
quality, and definitely improves signal-to-background noise ratio. 
Alongside these advances in manufacturing, many recording 
landmarks document Capitol’s continuing leadership: 


Capitol was first to use magnetic tape as the 
primary recording medium. 


First to employ multi-track recording. 


First to build studios designed exclusively for 
recording. 


First to use multiple tracks to make dual-channel 
records, producing stereo with lifelike depth. 


Today, Capitol safeguards that kind of leadership with an 
unsurpassed documented program of quality control. Alto- 
gether, 24 separate inspections—6 before and during recording, 
17 during manufacturing, and even one after discs are shipped 
to distributors—insure perfection in raw materials, equipment, 
and (the goal of it all) the finished recording. 

Is this extreme care, constant research, and insistence on 
perfection worth the trouble? Of course. It takes this kind of 
leadership to bring you recordings of the highest fidelity. And 
that goes double for stereo. 

Can you hear the difference? You can if your equipment is 
adequate. 

So we make one promise...and you can easily prove it is 
true, just by listening. This emblem tells the story: 
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TEST RESULTS 


mee ed 


a -anscription turntable 


TESTED: for performance by Audio Instrument Company, Inc., an independent laboratory. 


Resucts: Garrard Model 301 tested even better than most professional 
disc recording turntables...sets a new standard for transcription machines! 


g Read Mr. LeBel’s report below g 


Gentlemen: 


We have tested the three 
Garrard Model 301 Turntables 
which the undersigned selected at random from sealed unopened 
cartons in your warehouse stock. These three bore the following 
serial numbers: 867, 937, 3019. We used a standard Model WB-301 
mounting base without modification, a Leak tone arm fitted with 
their LP cartridge, and a complete Leak preamplifier and power 
amplifier, model TL/10. 

Pickup and amplifier system conformed in response to the 
RIAA-new AES-new NARTB curve within + 1 db. 

Standards referred to below are sections of the latest edition, 
National Association of Radio & Television Broadcasters Recording 
and Reproducing Standards. Our conclusions are as follows: 


Measurements were made in 
accordance with NARTB spe- 
cification 1.05.01, using a stro- 
boscope disc. In every case, speed could be adjusted to be in 
compliance with section 1.05, i.e. within 0.3%. In fact, it could 
easily be adjusted to be exactly correct. 


3 Stock machines 
selected at random! 


Turntable easily adjusted 
to exact speed! 


Measurements were made at 
33% rpm in accordance with 
NARTB specification 1.11, 
which calls for not over 0.20% deviation. These values substantially 
agreed with those given on Garrard’s individual test sheets which 
are included with each motor. 


Garrard Serial No. 


867 
937 
3019 


WOW less than 
NARTB specifications! 


Measurements were made in 


Rumite less snam accordance with sections 1.12 


most professional 


Signal to Rumble Ratio Using 
Reference Velocity of 7 cm/sec 
at 500 cps 

This reference velocity cor: 
responds to the NARTB value 
of 1.4 cm/sec at 100 cps. 


Rumble: checked by 

official NARTB standard 

method (—35 db. min.) 
—52 db.! 


Garrard Serial No. 


867 
937 
3019 


The results shown are all better than the 35 db broadcast repro- 
ducing turntable minimum set by NARTB section 1.12. In fact they 
are better than most professional disc recording turntables. 


Signal to Rumble Ratio Using 
Reference Velocity of 20 cm/sec 
at 500 cps 


Rumble: checked by 
Manufacturer A’s 
methods —61 db.! 


Garrard Serial No. 


867 
937 
3019 


We include this second table 
to facilitate comparison because 
some turntable manufacturers 
have used their own non-stand- 
ard reference velocity of 20 


Rumble: checked by 
Manufacturer B’s Z 
methods -84.1 db.! 


cm/sec, at an unstated frequency. If this 20 cm/sec were taken at 
100 cps instead, we would add an additional 23.1 db to the figures 
just above. This would then show serial number 867 to be 84.1 db. 


It will be seen from the above 


that no rumble figures are 
meaningful unless related to the 
reference velocity and the ref- 


Of greatest importance! 
Always consider these 
vital factors to evaluate 
any manufacturer’s claim. 


recording turntables! 


and 1.12.01, using a 10 to 250 


erence frequency. Furthermore, 


cps band pass filter, and a VU 
meter for indication. Attenuation was the specified 12 db per 
octave above 500 cps and 6 db per octave below 10 cps. Speed 
was 33% rpm. 


as stated in NARTB specifica- 

tion 1.12.01, results depend on the equalizer and pickup character- 
istics, as well as on the turntable itself. Thus, it is further necessary 
to indicate, as we have done, the components used in making the 


GARRARD SALES CORP., PORT WASHINGTON, N. Y. 


test. For example, a preamplifier with extremely poor low frequency 
response would appear to wipe out all rumble and lead to the erro- 
neous conclusion that the turntable is better than it actually is. 
One other factor to consider is the method by which the turntable 
is mounted when the test is made. That is why our tests were made 
on an ordinary mounting base available to the consumer. 


"CT. deb 


AUDIO INSTRUMENT COMPANY, INC. C. J. LeBel 


Dept. GR-479 Garrard Sales Corp., Port Washington, N. Y. 
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...a Showroom of audio products, and 
associated professional gear, where you can see and hear 
the finest, and latest, equipment. 


ON DISPLAY AND IN OPERATION NS 


ALTEC McINTOSH L "ere ont 

A. K. G. NAGRA ! iit TTT 
AMPEX NEUMANN While 

AUDIO INSTRUMENT PULTEC ii Hi 

DAVEN RCA 
ELECTRO-VOICE SONY 

E.M.T. ECHO CHAMBER STARBIRD BOOMS 

FAIRCHILD 


Lge Oe: a = wea? rc - a2 
RO Mas tee Oe a Be 
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; ‘ 
HARVEY RADIO ve If you are in town during the 
o : Audio Engineering Society show, 
ec inc. stop in and see our enlarged 


103 W. 43rd Street, New York 36 + JU 2-1500 ae 
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Precision Turntables 
EMT 927 and EMT 930 High- 
precision Transcription Turn- 
tables with dynamic pick-up, 
start-stop brake for remote con- 
trolled operation. 


Wow & Flutter Meters 
EMT 414 and EMT 418 Wow 
& Flutter Meters for construc- 
tion and maintenance of 
recording and reproducing 
equipment. 


STUDER 30 


magnetic tape recorder with 
balance for constant tape 
tension. 


Tape speed 7%2 and 15 i. p. s. 


a 194 RICHMOND HILL AVENUE 


Reverberation Set 


EMT 140 Reverberation Set for artificial 
echo effects with reverberation time 
adjustable between 1 and 5 seconds. 


STELLAVOX 


battery operated, transistorized 
magnetic tape recorder. 

Tape speed 712i. p. s. 

Weight only 4 lbs. 


Special Audio 
Frequency Cables 


for studio purposes. Double \ 
screened, and especially HF 
proof. 


Dynamic and 
Condenser Microphones 


for studio operation with direc- 
tional and omnidirectional radia- 
tion characteristic. 


ss e@llectronic applications, inc. 


STAMFORD, CONNECTICUT 
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FAIRCHILD 
RUMBLE 
TESTER 


And we're prepared to prove it, or rather, to let you prove it to yourself. 


The photograph indicates the technique: a FAIRCHILD RUMBLE TESTER on the base of 

your record player or turntable, and the stylus resting on the tester coupling the 
pickup directly to the turntable. Start the motor, turn up the amplifier volume, and 

— ~~ try the same test on any FAIRCHILD Series 412 turntable. Your ears will 
e the judge. 


There are sound engineering reasons for the results . . . unique double-belt drive, 
Densite filled turntable, heavy hysteresis motor and precision workmanship throughout 
. but it’s the result that’s important — the absolute minimum of rumble that 
guarantees clean, perfect reproduction of everything on your records, plus wow and 
flutter figures that surpass NARTB professional standards. 
Your dealer has his FAIRCHILD RUMBLE TESTER. Ask him for a demonstration. If you 
like, we'll provide you with a tester of your own. Send in the coupon, with 75 cents 
in coin, and we'll ship you one, post-haste. 
Incidentally, for those interested in the more technical aspects of the design of the 
double-belt drive FAIRCHILD 412, we have a reprint of an article from the Journal of 
the Audio Engineering Society. Check the appropriate box below. 


I'm interested in hearing for myself. Please send 
a FAIRCHILD RUMBLE TESTERS at 75 cents 
each. Enclosed $____. Name 
I'd also like to know something about the design 
of the double-belt turntable. Please forward a Addr 
Pd of the reprint from the Journal of the 


Literature on new Fairchild SM-1 Rotating Magnet City. 
Stereo Cartridge. . 


HY =. Zone State 
| L/E | FAIRCHILD RECORDING EQUIPMENT CORPORATION + 10-40 45th Ave., L. 1. C. 1, N. Y. 
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HEAD HUNTERS! 


LANG ELECTRONICS is pleased 
to make available to professional 
users a service whereby they can 
economically extend the useful life 
of recording and playback tape 
recorder head assemblies. 

Our pampered and happy clients 
include: Decca Records, American 
Broadcasting Company, NBC, Mu- 
tual Broadcasting, Vanguard Rec- 


ords, Coastal Recording, Capitol 
Records, Olmsted Sound Studios, 
Reeves-Soundcraft, Elektra Records, 
Dubbings, Livingston Audio Prod- 
ucts, U. S. Information Agency and 
many others. 

All heads are subject to our in- 
spection to determine desirability 
of reconditioning. Heads recondi- 
tioned by us can be expected to 


have a useful life equal tr or 
greater than that prior to recondi- 
tioning. 

We guarantee that all heads ac- 
cepted by us for reconditioning, 
when tested, will equal or exceed 
standard specifications with respect 
to frequency response and level for 
the particular make and model. 


Pri {AM PE X stereo head assembly . 
Schedule, *M PE X half-track head assembly . . . 
la MPEX full-track assembly 


- $95.00 
90.00 
- 70.00 


LANG ELECTRONICS 


507 Fifth Avenue, New York City MUrray Hill 2-7147 
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Unique 


TAPE 
STROBE 


flat, silky 


EXCLUSIVE NEW STROBE 
DEVICE FOR CHECKING 
TAPE SPEEDS OF PLAYERS 
AND TAPE RECORDERS 


Fine sound reproduction begins with 
a good microphone. Reslo micro- 
phones bring out the best in your 
recorder with unsurpassed quality 
for clean, silky, uncolored, flat re- 
sponse to 20,000 c/s. 
Quality recording, broadcast or P.A. 
uses require a Reslo Mark Ill. Blast- 
proof, fully shock mounted, triple 
Shielded for outdoor use, they can 
be boom mounted without adaptors. 
Exclusive ribbon permits near auto- 
matic self-service replacement. 
Reslo microphones are used by lead- 
ing broadcast and recording firms. 
Try one at our expense... see your 
dealer. 

Complete data and’ price lists 

for qualified respondents. 


ERCONA 


(electronics div.) dept. B-1 
\.16 West 46th St., New York 36 


Immediately indicates off speeds as well as tape slippage. 

Checks drag brake efficiency. 

Adjustable to varying tape heights. 

Can be applied directly to moving tape. 

Finest parts and construction used throughout. 

Diameter accuracy .0002” 

Calibrated for tape speeds of 7%, 15 and 30 ips. 
Comes complete in handsome grey and red instrument case 
for only $22.50 complete. Send check to: 


Scott Instrument Labs., Dept. 802 


17 EAST 48th STREET, NEW YORK 17, N. Y. 
Once you've tried the Tape Strobe, you'll never do without it. 


@ s 
Finest J 
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STANDARD OF EXCELLENCE... 
By Design 


AMPEX 300 SERIES Magnetic Tape Recorders—designed for master recording— 
completely dominate the professional recording industry throughout the world. By 
producing the finest monophonic and stereophonic masters, the Ampex 300 has 
earned the recognition of “standard of excellence” from this critical, exacting industry. 


In addition—the Ampex Duplicators—the only 
commercially available high speed duplicators—have become the standard 
of the industry for which they were designed. The stability of mechanical 
operation of Ampex Duplicators (which incorporate the precision mechanism 
of the Ampex 300 running at speeds up to 120 in/per/sec) permit high speed 
duplication of recorded master tapes with utmost fidelity. 


For complete information: technical, application, specification—contact 
your nearest factory-trained Ampex Master Recording Dealer... 


ar COLORADO MISSOURI TENNESSEE 


hua fle Speciali ists ty Soren Spplebee Company wae wr tributing Company 
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CALIFORNIA DISTRICT OF COLUMBIA = NEW MEXICO La 
pingey Company WASHINGTON, D.C. aoe k & Associates Audio-Acoustic Equipment Company 
Divisadero Street Shrader Sound Inc ated 70 West Marcy Street 130 Fairview Drive 
LOS ANGELES 2803 ‘‘M” Street, N.W. NEW YORK SAN ANTON 
Kierulff Sound Corporation Modern Electronics Company 
820 West Olympic Boulevard (13) ILLINOIS NEW YORK city ~ 2000 Broadway 
Magnetic Recorders Company CHICAGO 103 West 43rd Street (36) VIRGINIA 
ne — — Newark Electric eet, Lang Electronics Incorporated RICHMOND 
829 South Flower Street 223 West Madison Street( 6) 507 Sth Avenue (17) Radio Supp Ine. 
00 Sonocraft Corporation 3302 West: ey a 
NORTH HOLLYWOOD INDIANA 115 West 45th Street (36) 
Concertmaster Sound ID LANAPOL WASHINGTON 
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CORPORATION 


934 CHARTER STREET * REDWOOD CITY, CALIFORNIA 
Offices and Representatives in Principal Cities Throughout the World 


professional 


products division 


See us at Booth Number 41 AUDIO ENGINEERS SHOW 
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motion pictures and television in the 


SPACE AGE 


86th SMPTE Convention 
Statler Hilton, New York 
OCTOBER 5-9, 1959 


Technical Sessions 


MONDAY, October 5 Cinematography 


Laboratory Problems, including Symposium on _ Film 
Steadiness 


Sound Recording and Reproduction 
TUESDAY, October 6 Space Technology and Image Sensing (2 sessions) 
WEDNESDAY, October 7 Equipment Papers and Demonstrations by Exhibitors 
THURSDAY, October 8 Television Equipment and Practices (2 sessions) 


FRIDAY, October 9 High-Speed Photography 
International Television 
Television: Scientific and Military Uses 
Television Recording, including Video Tape 


Ampex Corp. Houston Fearless Corp. 
Animation Equipment Corp. JM Developments, Inc. 
E \ HIBIT Arriflex Corp. of America Lipsner-Smith Corp. 
Bausch & Lomb Optical Co. Macbeth Instrument Corp. 
Bell & Howell Co. Motion Picture Enterprises, Inc. 
Professional motion-picture and _ television Camera Equipment Co. National Cine Equipment, Inc. 
equipment for data instrumentation and other Camera Mart, Inc. Neumade Products Corp. 
space age uses, as well as the latest products Canadian Applied Research Ltd. Precision Laboratories 
designed for general industry purposes, will Century Lighting, Inc. Prestoseal Mfg. Corp. 
be displayed at the Statler Hilton. The fol- Cine Speed, Inc. RCA Broadcast & Closed Circuit 
lowing companies will be among those partici- Electronic Systems, Inc. TV Equipment * 
pating: Filmline Corp. RCA Film Recording 
Florman & Babb, Inc. Rapid Film Technique, Inc. 
Karl Heitz, Inc. S.0.S. Cinema Supply Corp. 
Hollywood Film Co. Time Automated Mfg. Co. 
Vicom, Inc. 


Special Displays by U. S. Army, Navy and Air Force 


Society of Motion Picture and Television Engineers 
55 West 42nd Street, New York 36 ° LOngacre 5-0172 
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JANUARY 1959, VOLUME 7, NUMBER 1 


Several Problems in Musical Acoustics” 


MELVILLE CLARK, JR. 


Professor of Nuclear Engineering 
Massachusetts Institute of Technology, Cambridge 39, Massachusetts 


Certain problems of musical acoustics are stated together with the reasons for their study. 
Such study may concern itself with the cues used to identify the instrument sounding a musical 
tone, the elements distinguishing the tone produced by a chorus of instruments sounding one note 
from that produced by one instrument, and the musical environment. The use and problems of 


using digital computers are discussed. 


INTRODUCTION 


A BALANCED, integrated program of research in musical 

acoustics might comprise a study of the physics of 
musical instruments, the development of new musical re- 
sources and instruments, and a search for the elements that 
characterize a musical tone and its environment.! The 
physics of instruments has been the subject of study over 
the past century. The development of new musical re- 
sources is the province of musicians. It therefore seems 
most appropriate to center attention on the elements that 
characterize a musical tone and its environment in the new 
program of basic research supported by the National Asso- 
ciation of Music Merchants. 


AREA OF RESEARCH 


A musical tone may be subjectively characterized by its 
pitch, loudness, and timbre. The relations among pitch, 
loudness, frequency, and intensity have been the subject of 
considerable study. However, there has been almost no 
study of the attributes that enable one musical tone to be 
identified from all others, in contrast to the enormous col- 
lateral effort aimed towards finding the cues that charac- 
terize speech sounds. Accordingly, effort will be concen- 
trated on the cues used to identify the instrument sounding 
a tone. Such cues may, of course, depend on both the 
auditor and the type of instrument. Two phases of the re- 
search may be distinguished: analysis to determine and 
measure the rudimentary elements of a musical tone, and 
synthesis of a tone from its elements to assess their impor- 
tance and significance. Clearly, there will be considerable 
interplay between the two phases. 


* Presented at the Tenth Annual Convention of the Audio Engi- 
neering Society, New York, September 29, 1958. 


1 This categorization is essentially the work of Mr. John Kessler. 


DEFINITIONS 


For the purpose of further discussion, musical tones are 
divided into two classes. A solo tone is the tone produced 
by one instrument. A choral tone is the tone produced 
by a group of instruments sounding a common note simul- 
taneously. An individual tone may be divided into three 
sections for the purpose of thinking. During the attack 
transient, the intensity of the tone is growing; during the 
steady state, the intensity is either unchanging or repetitive 
at an infrasonic rate; during the decay transient, the in- 
tensity is decreasing. An operational definition of the three 
sections might be based upon a definite time interval, the 
output of a low-pass filter excited by a linear or square- 
law detector, or a correlation of the signal with itself. 

The instrument sounding a tone, which has been sub- 
jected to various operations, is to be identified. Clearly, 
subjects who are familiar with the tones of some common 
class of instruments will be needed. It therefore is evident 
that the instruments the tones of which are to be studied 
should be restricted to those occurring reasonably frequently 
in an orchestra or band and that the subjects used should 
be restricted to those who have had some minimal musical 
experience with such instruments. The instruments may be 
divided into two classes. Percussive instruments are those 
the intensities of whose tones decay with time; nonpercus- 
sive instruments are those whose tones have a steady state. 
A plucked violin is a percussive instrument; a bowed violin 
is nonpercussive. 


For the purpose of discussion, instruments may be classi- 
fied according to families. A family is defined to be a group 
of instruments of similar timbre that may be regarded as 
one voice covering an extended frequency range. One in- 
strument may be regarded as extending the frequency range 
of another of the same family. The nonpercussive instru- 
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SEVERAL PROBLEMS IN MUSICAL ACOUSTICS 3 


ments of an orchestra might be classified and named as 
follows: bowed string (violin, viola, violoncello, bass), flute 
(flute, piccolo), single reed (clarinet in various keys), 
double reed (oboe, English horn, bassoon), brilliant brass 
(trumpet, trombone, tuba), horn (French horn in various 
keys). It is certainly one of the aims of the present re- 
search to check and perhaps revise the family groupings 
listed. 


SOLO TONES 


In the study of solo tones, the attack transient is of par- 
ticular interest for several reasons. It has been shown that 
the identifiability of an instrument is rather poor under con- 
ditions in which the attack is subordinated.* Again, despite 
regularities perceived aurally, the steady-state spectra ap- 
pear very irregular and dependent on intensity, frequency, 
and species of instruments used in many cases. Third, tones 
played backward on a tape recorder sound very different in 
many instances, although the steady-state spectra are un- 
altered. Next, it is noted that the identifiability of the 
source of rapidly played notes is good, frequently even in 
ensembles. Fifth, in the absence of control over the tem- 


poral changes of partials, the timbres of many instruments 
can often be only poorly simulated even with adjustable 
control of each of many harmonics or groups of harmonics. 
Nevertheless, it is by no means suggested that the steady 
state of nonpercussive tones is of no significance. 

There are several reasons to believe that the decay of 


nonpercussive instruments is of subordinate importance. A 
large room may be expected to have a reverberation time 
rather longer than the decay time of an instrument, because 
of the enormously greater surface-to-volume ratio of the 
room. The small amount of sound emanating from the in- 
strument itself during the decay will be added to the large 
amount reflected by the room. Because the ear responds 
substantially to the cube root of the intensity of the sound, 
the relatively small contribution from the instrument itself 
during the decay can hardly affect the aural sensation. 

For percussive instruments in which the decay is rela- 
tively slow, it might be expected that the decay transient 
is all important, in sharp contrast to the case with non- 
percussive instruments. Distinctiveness during the decay 
transient is probably the seat of identifiability. 

It is clear that the contribution of each part of a tone to 
the identifiability of its source must be measured to check 
the hypotheses and arguments of the previous three para- 
graphs. 

The temporal dependences of the amplitudes of the par- 
tials of the tones produced by various instruments are of 
interest. A comparison of the short-time spectra of the 
tones produced by several instruments should enable identi- 
fication of physical invariants that characterize the tones 


2H. V. Eagelson, O. W. Eagelson, “Identification of Musical In- 
struments When Heard Directly and Over a Public-Address System”, 
J. Acoust. Soc. Am., 19, 338-342 (1947). 


of instruments of one type and distinguish such tones from 
those of other instruments. These invariants may then 
correspond to those used by an auditor to identify an instru- 
ment. 

Synthesis of tones from partials that change appropriately 
with time can be used to check the perceptual significance 
of the spectral analyses and to measure the degree to which 
the character of a tone resides in the temporal dependences 
of the partials. This approach has proved very successful 
in speech research. The aims can be further assisted by 
systematic alterations of the temporal dependence of the 
partials. It might be interesting to ascertain whether 
mathematically simple functions adequately represent the 
temporal dependences of the partials. 


CHORAL TONES 


Choral tones comprise one of the important classes of 
tones. In view of the small size of the minimum frequency 
change perceptible by an auditor, it is reasonable to hy- 
pothesize that a choral tone comprises a narrow distribution 
of partials about each harmonic. There may be correlations 
among the distribution functions. The beat rates of the 
partials about a particular harmonic may be harmonic to 
the beat rates about the fundamental. Again, much of the 
life-like attributes of musical tones may originate from a 
kind of temporal randomness of the tone with time. Finally, 
the slight staggering of the attacks of the instruments in a 
chorus may be a significant characteristic of a choral tone. 

To check the hypotheses and analyses suggested above, 
the synthesis of choral tones with various types of distribu- 
tions is needed. Two classes of spectral distributions are 
recognizable; these classes will be called simple and com- 
plex. Simple spectral distributions result from multiple 
modulations of the audio signal by a number of modulators 
connected in parallel. The frequencies of the modulating 
signals, which may be sine waves, differ by infrasonic 
amounts. The modulating signal may be noise with its 
spectrum limited to infrasonic frequencies. Characteristic 
spectra result from each of various types of modulators, 
such as amplitude, frequency, or phase modulators. Timbre 
modulation results from the channeling of a musical signal 
through audio filters the properties of which are varied at 
infrasonic rates. Displaced carrier modulation results from 
heterodyning the audio signal with a carrier and of rehetero- 
dyning the radiofrequency signal back to an audio frequency 
with a second carrier, the frequency of which differs infra- 
sonically from the first. If single sideband modulators are 
used, then asymmetric spectra result. The frequencies of 
the modulating signals might be rationally or randomly 
related; the amplitudes might differ. 

Complex spectral distributions can be created in various 
ways. The modulating signals might themselves be modu- 
lated. This type of modulation will be called modulated 
modulation. The frequencies at which the modulating sig- 
nals are modulated might be rationally or randomly related. 
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Again, a simple choral tone might itself be subjected to 
further multiple modulations by a number of modulators 
connected in parallel. This type of modulation will be 
called multiplication, since the effects of a later series of 
modulating signals compounds the modulations produced 
by all earlier modulating signals. Finally, the audio spec- 
trum might be subdivided into bands and a distinctive 
modulation applied to the signal in each band. The rates 
and amplitudes of the modulating signals might be cor- 
related or uncorrelated, thus enabling the check of one of 
the hypotheses made above. The subdivisions of the spec- 
trum might vary with time in an ordered or random fashion. 


MUSICAL ENVIRONMENT 


The study of the musical environment appears to offer by 
far the most difficult psychological problems. For this rea- 
son, the structure of the experiments is by no means clear, 
nor is it certain that procedures exist capable of yielding 
repeatable, analyzable data. However, for the sake of com- 
pleteness, to stimulate further thought in this area, and 
because of the probable interest of musicians the problems 
will be briefly developed. 

Huygen’s principle may be exploited to control the en- 
vironment in which music is heard. Control of the pressure 
pattern at the walls of the room within which music is heard 
would lead to control of the acoustics of the room. Two 
types of environments may be distinguished: stationary and 
transient. The degree to which the acoustics of an environ- 


ment can be modified may be studied by applying suitably 
delayed, attenuated, and reverberated signals to loudspeak- 


ers positioned around the enclosure. The effects are to be 
studied of ordered or disordered arrangements of the loud- 
speakers, and of the delays and attenuations of the signals 
applied to them on the apparent size of the environment. 
By switching the signals applied to the speakers a transi- 
ent environment can be created. The apparent location and 
size of the source can be varied. The effects of random or 
ordered switching and the maximum rate that can be ob- 
served are of interest. 


USE OF DIGITAL COMPUTERS 


In many of the experiments outlined above, data are 
essentially to be processed and operated upon in some way. 
The use of analogue computation in the form of laboratory 
equipment specifically designed and assembled for each ex- 
periment is familiar to all. Another approach consists of 
processing the data by means of digital computers. In this 
method, the musical signal is sampled at very regular inter- 
vals at about 20 kcs; each sample is quantized and repre- 
sented by at least a six-bit binary number. The encoded 
sequences are read into the digital computer. After process- 
ing, the modified signal is reconverted into analogue form 
and presented to the subject. The operational code in the 
computer, according to which the signal is processed, may 
represent the equations in differenced form describing the 


operations that would otherwise be performed by the labora- 
tory equipment. 

The digital computer method has many advantages. It 
is more flexible and quickly adaptable than the analogue 
method. It is possible to modify tones in ways nearly im- 
possible with the laboratory method. For example, with 
sufficiently long integrations, it is possible to simulate filters 
with very high Q’s. The digital method also has several 
disadvantages. Since the musical signal must be sampled 
very frequently, a very large amount of data must be proc- 
essed for a musical selection of any length. Because of the 
cost of machine time, selections must be of very limited 
length as compared with the laboratory method. For purely 
testing procedures this disadvantage is minor. 

A much more serious problem with digital computers 
arises from the irregular spacing of information on the ma- 
chine tapes. The irregularities arise from the non-uniform 
speed of the tape as information is recorded on it and the 
need for subdividing the information on the tape so that 
the fast memory of the computer can assimilate the informa- 
tion. The very high rate at which the musical signal is 
sampled implies that tape storage must be used for most 
machines. The irregular spacing of information causes wow 
and flutter after transformation of the information back to 
the analogue representation. Unfortunately, an auditor is 
very sensitive to wow and flutter. 

Three solutions to the problem exist. First, a fast buffer 
memory may be used between the machine tape and the 

(Continued on Page 54) 
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Signal- To-Noise Problems 


and 


A New Equalization for Magnetic Recording of Music” 


Joun G. McKnicutt 
Ampex Corporation, Redwood City, California 


Measuring procedures and specifications currently used in the sound recording industry are 


inadequate. 
developments toward a lower noise system. 


A weighting network should be used in objective noise measurement work to evaluate 


We know that the ear is most sensitive in the 1 to 6 kc region, and it is possible to use pre- 


emphasis in this region. 
by utilizing fully their present capabilities. 


Better signal-to-noise ratio may be obtained in 15 ips magnetic recorders 
Subjective listening tests show that a system with the 


1 to 6 kc region pre-emphasized (the AME curve) is some 7 db quieter than the same system using 
the NAB curve, but does not show any audible increase in distortion. 


INTRODUCTION 


LTHOUGH the published signal-to-noise ratio figures 
for tape recording systems look impressive, a critical 
listening to wide dynamic range orchestral music recorded 
on tape reveals that tape noise is far from inaudible. 
Modern commercial pressings (disc recordings) are quiet 
enough that, with few exceptions, the tape noise can be 
heard above the disc noise, since disc noise is of a different 
character, and since the dynamic range is often limited 
after tape recording, before transferring to disc. 


Problems Beyond Our Direct Control 


The signal-to-noise problem is aggravated considerably 
by two situations which are entirely beyond our control. 
First, both studios and “Hi-Fi” fans tend to reproduce 
music at a volume greater than that of the original source. 
This, of course, also increases the audible noise level. 

Second, two deficiencies of loudspeakers are apparent. 
No loudspeakers are truly flat. The average monitor 
speaker used in recording studios has a considerable defi- 
ciency in high frequency response. In an attempt to make 
the sound from the loudspeaker “better than being there,” 
the producer or the recording engineer often increases the 


* Revised manuscript December 31, 1958. Presented at the Tenth 
Annual Convention of the Audio Engineering Society, New York, 
October 1, 1958. 

+ Senior Engineer, Research Division (now Manager, Advanced 
Audio Section, Professional Audio Department). 


high-frequency energy electrically with an equalizer, and 
at least a part of this equalization is intended to compensate 
for deficiencies in the monitoring loudspeaker. Therefore, 
more high-frequency energy is present on recordings than 
there would be if the original monitoring could be done with 
a truly flat loudspeaker system. This additional high- 
frequency energy increases the problems that exist from 
high-frequency overloading at 7% and 33% ips. 

Another deficiency of loudspeakers involves their direc- 
tional pattern. Since all speakers are more or less directive 
at higher frequencies, if the average sound energy in the 
room at high frequencies is to be kept the same as the 
energy at lower frequencies, the high-frequency energy di- 
rectly on the axis of the speaker is higher than that in the 
middle frequencies, and the energy off axis is lower. If 
one stands on axis, as many people do, the high-frequency 
response (and therefore the audible noise level) is increased. 
Also, the noise, which is continuously present, coming from 
a small area seems to draw more attention to itself than 
if the source were a larger area. 

The problems of response and directionality of the moni- 
toring loudspeaker have been recognized by the German 
broadcasting companies.! They have established a standard 
acoustic response for the monitor loudspeaker as installed 
in the control booth. The speaker which they are using is 
said to have a spherical radiation pattern. 


1F. Enkel, “Experience With a New High Quality Loudspeaker 
for Control Booths”, Gravesano Review 9: 107-110 (1957). 
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JOHN G. McKNIGHT 


Improving the Signal-to-Noise Ratio of the 
Magnetic Recorder 
We may look to improve the signal-to-noise ratio of the 
magnetic recorder in the following areas: 
1. The Recording System. 
a) heads 
b) bias 
c) amplifiers 
d) type of recording (direct, FM, pulse coding, etc.) 
e) variable gain systems. 
. Tape Oxide. 
. Utilization of Available System and Tape. 
a) measurement problems 
b) equalization. 


THE RECORDING SYSTEM 


A study of tape equipment shows that, with the presently 
used direct record system, no significant improvements are 
to be made in the construction of heads (cores, windings or 
gaps) or the bias supply. The signal-to-noise ratio is not 
limited by amplifiers.” 

Alternative types of recording have not been investigated. 

Increased signal-to-noise ratio may be obtained through 
the use of variable gain systems. These systems will not 
be considered in this paper, as they have been extensively 
reported elsewhere.* 


THE TAPE OXIDE 


The various tapes manufactured in the United States have 
different outputs, but the signal-to-noise ratios are practi- 
cally constant from one tape to another. A theoretical 
study of the noise characteristics of tape shows that an 
improvement should be possible by decreasing the particle 
size in the oxide.* Thus far, no tape is available which is 
interchangeable with present tapes, but quieter. 


UTILIZATION OF THE AVAILABLE SYSTEM AND TAPE 


Any further improvement must be made by improving 
the utilization of the tape with respect to the characteristics 
of the tape, the music, and the ear. 


2 The weighted noise from a properly designed playback amplifier 
is 10 to 15 db below the tape noise. 

3 Variable gain systems are discussed in the following references: 

J. Havstad, Information Utilization in Magnetic Recording, Ampex 
Research Report No. 105 (October 1957). 

R. Vermeulen and W. Westmijze, “The ‘Expressor’ System for 
Transmission of Music”, Philips Tech. Rev. 11: 281-290 (1950). 

H. Fletcher, “The Stereophonic Sound Film System, General 
Theory”, Jour. SMPTE 37: 331-352 (1941). 

W. B. Snow and A. R. Soffel, “Electrical Equipment for the Stereo- 
phonic Sound Film System”, Jour. SMPTE 37: 380-396 (1941). 

H. Levinson and L. T. Goldsmith, “Vitasound”, Jour. SMPTE 
37: 147-153 (1941). 

W. E. Garity and J. N. A. Hawkins, “Fantasound”, Jour. SMPTE 
37: 127-146 (1941). 

4D. H. Howling, “Noise in Magnetic Recording Tapes”, J. Acoust. 
Soc. Amer. 28: 977-987 (1956). 


Signal-to-Noise Measurements 


We must first see if present objective measurements are 
really indicative of the subjective signal-to-noise ratio of 
an audio recorder.> We must think of “signal” as the maxi- 
mum signal which can be recorded without audible distor- 
tion, and “noise” as the audible noise. 

Consider how we presently measure the maximum signal 
and the noise in an audio recorder. The measurements have 
been chosen so as to be easily made; little account is taken 
of the characteristics of the tape, the music, or the ear. 
(Although this paper discusses magnetic recording, most of 
the problems are common to the sound recording industry.) 


Signal Measurement 


Specifications are based on a sine wave reference signal 
level of 1 or 3 percent total harmonic distortion at 400 cps, 
but in tape recordings of music, distortion due to generated 
harmonics is not usually audible. What we hear when over- 
recording occurs are compression caused by the tape and 
intermodulation. The compression may be apparent in 
either of two ways: 

First, the over-recorded signal will itself be compressed, 
which is to say that an increasing input level will not pro- 
duce a proportionately increasing output level. (Figure 1 
shows the tape output vs input for a 400 cps signal at 15 
ips.) 

Second, at high frequencies, when a signal is over- 
recorded, not only will the increase of input level not be 
accompanied by an increase in output level, but the output 
level will actually decrease with increase in input level. 
(Figure 2 shows the tape output vs input for a 12 kc signal 
at 15 ips with NAB equalization.) This has a secondary 
effect: The over-recorded high frequencies cause a reduction 
of output at all frequencies due to effective over-biasing by 
the high frequencies themselves. (Figure 3 shows the tape 
output of the 150 cps component of a recording of constant 
level 150 cps input plus variable level 12 kc vs the 12 kc 
input level, again for NAB equalization.) 

Maximum program signal is measured with the VU 
meter; however, it is known the the VU meter takes no 
account of either the total peak energy (see Figure 4 for a 
histogram of peak factors vs number of occurrences, and the 
distribution of peak factors, from original data) or the peak 
energy vs frequency in the recorded material (see Figures 8 
and 9 below), the overloading (compression) characteristics 
of ihe tape vs frequency (see Figures 1, 2 and 3 above), the 
equalization of the machine, or the audible effect of the 
various types of overload. Because of this, we find some 
studios that need the maximum signal on the tape ignoring 
the readings of the VU meter and simply listening to the 
playback of the tape, increasing the recording level until 
audible distortion occurs, and then slightly reducing the 


5A discussion of these problems is given by Kellogg, “Proposed 
Standards for Measurement of Distortion in Sound Recording,” Jour. 
SMPTE 51: 449-467 (1948). 
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FIGURE 1 
. oe 
Tape Output vs Input 400 c. 
Irish 300, Biased to Give 
M Output of 1 ke. 


Signal ("Peak Bias at 1 ke") 
0="Operating Level’of 15 ips 
Standard Tape 4494-A2. 
“Tape Output" is the Reading of 

an RMS-Calibrated Average B 
Meter. 
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recording level, thus determining maximum level. This is 
an effective method, but very undesirable since there is no 
metering device that is accurately related to the maximum 
recorded level on tape. 

A study of the audible effects of these compression phe- 
nomena is needed to determine quantitatively which effects 
are audible and at what level and frequency.® Using these 
data, we hope to be able to design a peak-reading volume- 
indicating meter which will have a true correlation between 
its reading and the audible overload. 

Terman and Pettit? zive an excellent discussion of non- 
linear distortion in audio frequency systems. They con- 
clude: “The ultimate evaluation of the practical signifi- 
cance of non-linear distortion in audio systems must be 


6 Audibility of distortion is largely controlled by “masking”—the 
phenomenon of the ear in which presence of a lower frequency may 
make a higher frequency inaudible. Some studies have been done; 
further work is needed. See Peterson, “Intermodulation Distortion: 
Its Measurement & Evaluation,’ JRE Convention Record, 5 #7 
(Audio): 51-56 (1957). 

7 Terman & Pettit, Electronic Measurements, (McGraw-Hill Book 
Company, Inc., New York, 1952), 2nd Ed., pp. 333-341. 


based on listening tests. This causes the situation to be 
very complex, as the results of listening tests depend not 
only on the non-linear characteristics of the amplifier, but 
also upon the character of the sound being reproduced, upon 
the acoustics of the space in which the sound is observed, 
and on psychological factors which differ from person to 
person. The result is that there is no entirely satisfactory 
method of objectively defining the non-linear distortion 
introduced by an audio amplifier, and several different test 
methods are in common use.” 

We should also ask what level should be taken as the 
signal level in making signal-to-noise measurements. One 
can argue against any level chosen: one should not use the 
steady-state VU meter zero, since the program peaks always 
exceed zero; nor can a constant be fairly added, since the 
peak factors differ for each type of music; nor should the 
overload point of the system be used, since this varies with 
the type of system (tape at various speeds, or disc, etc.) 
and with the equalization used. No known single number 
tells us what the audible overload or maximum level of a 
system is; this is a complicated quantity which can be 
judged only by subjective listening tests. 
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Fig. 5. 


A useful piece of data in evaluating maximum program 
output is the maximum sine wave output of a tape recorder 
vs frequency, referred to the operating (steady-state VU 
meter zero) level. In addition, one should know what input 
signal is applied to give, say, % db less than maximum 
output.* The input levels should certainly never exceed 
that which produces maximum (saturation) output. Figure 
5 shows, for example, the maximum sine wave output, and 
input to produce % db less than maximum output, for one 
channel of an Ampex Model 350-2, at 15 ips with NAB 
equalization. 

One might choose to take as the lesser evil the operating 
(zero) level as the signal level, since this is at least a point 
which can be found without question or equivocation. Then 
one may present the data for maximum output, and the in- 
put level to produce this maximum output, to judge whether 
the system has adequate overload capability above this zero 
level. In this case, one will specify, rather than signal-to- 
noise ratio, a figure for noise so many db below operating 
(zero) level. 

The chief drawback of this type of specification is that 
it is common practice in film (but not disc) recording to 
refer the signal level to a maximum output level arbitrarily 
taken as 10 db above the operating level. Therefore, ratios 
from the signal level will give “signal-to-noise” data com- 
parable to that for disc recording, but 10 db worse than it 
should be when compared to a film system using 10 db above 
operating level as the zero reference. This is not a problem 
as long as it is recognized. 


Noise Measurement 


Consider also the present measurement of noise. A typi- 
cal specification for noise level on a tape machine is that 
all the frequencies between 50 and 15,000 cps are measured. 

There is no relation between the ear characteristic and 


8 See Figs. 1 and 2. The input level for “maximum output” is not 
a unique value, but input level for “just barely maximum” (say % 
db less than maximum) is unique. This paper does not take into 
account wave forms at overload; this is material for a separate 
study. Data here are readings from an rms calibrated average meter. 


this common method of measuring noise. Curve 1 of Figure 
6 shows system spectral noise density (in energy per cycle)® 
for one track of a Model 350-2 Ampex stereo recorder re- 
producing biased Irish 300 Shamrock tape at 15 ips. The 
energy per cycle is constant above 1,000 cps. Curve 2 shows 
the equipment noise (tape stopped) for the same machine. 

It is impractical to try to show a comparison between sys- 
tem noise and hearing limits, since the level of the system 
noise depends on the dynamic range of the recording and 
on how loudly the recording is played back. The hearing 
limits depend on the individuals and on the noise level in 
the room in which the playback is made. Also, in general, 
the tape noise is sufficiently loud that it is not a question of 
whether it is audible at all, but rather how loud the various 
components of the tape noise sound. Therefore, we have 
chosen to compare the spectral noise density data for the 
system to an equal loudness contour of the 40 phon level 
(see Curve 3 of Figure 6). (If the noise is 60 to 70 db 
below tape recording level and the maximum sound pressure 
level is 100 to 110 db, then the noise level will be approxi- 
mately 40 db; therefore the 40 phon level is used for com- 
parison.) It is apparent that for the 40 phon level the ear 
is most sensitive to noise in the 1 to 6 kc region and that 
noise below 100 cps must be very great before it is audible. 
If we compare the system noise and equipment noise on a 
magnetic recorder with the equal loudness contour, we see 
why we hear the noise from a tape recorder as “hiss”; and 
why, although the audible noise increases quite noticeably 
as the tape is started, a flat meter will change only slightly, 
since it is largely reading the low frequency components of 
noise, which are inaudible to the ear. It is necessary in 
making noise measurements that are to be significant in 
relation to the subjective measurements of noise, to use a 
weighting network which has a response that is the inverse 
of ear response. 

Weighting networks have been used for many years in the 
measurement of acoustic sound levels and noise measure- 
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9 See s2.2, “Spectral Noise Density: Standards on Sound Record- 
ing and Reproducing: Methods of Measuring Noise”, Proc. IRE 41: 
508-512, (April 1953) (Standard 53-IRE 19-S-1). 
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SIGNAL-TO-NOISE PROBLEMS AND A NEW EQUALIZATION FOR MAGNETIC RECORDING OF MUSIC 
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ments.'° The use of weighted noise measurement for mag- 
netic recorders has been proposed,’' but has not received 
the acceptance that it deserves. Figure 7 shows the ASA 
response characteristics and tolerances for the A (40 phon) 
weighting curve. Also shown is the circuit and response 
for a weighting network which can be used from a termi- 
nated 600 ohm source into a high sensitivity vacuum tube 
voltmeter, for making weighted noise measurements on tape 
recorders, electronics, etc. This curve is within the ASA 


tolerance, but more closely resembles the inverse of the 40 
phon ear curve than does the recommended ASA weighting 
response. 

It is possible, then, to find a number (namely the 40 
phon weighted measurement) which is closely proportional 
to the subjective noise level of a system. This can be given 
as so many db below the normal VU meter zero level. 


Sounds”, Amer. Standard Z-24.3 (1944). 


11 “Standards on Sound Recording and Reproducing, Methods of 


Measurement of Noise”, Proc. IRE 41: 508-512 (April 1953) (Stand- 


ard 53-IRE 19-S-1). Although they consider many noise measuring 


methods, only the broadband system noise method is commonly used. 


Fig. 7. 


10“Sound Level Meters for Measurement of Noise and Other 


Equalization 


The limiting criteria for designing equalization into a re- 
corder are those of making the pre-emphasis so that the 
system will have equal probability of over-loading at all 
frequencies, or of making a post-emphasis which will mini- 
mize audible noise from the system. We now want to con- 
sider how the compromise is made between these limiting 
criteria. 

The present NAB tape equalization curves'* are conveni- 
ent curves which give constant over-all response through the 
tape machine, using simple networks both in record and in 
playback. The design at 15 ips has been very conservative 
with respect to overload capabilities, but the signal-to-noise 
ratio has not been adequate. Greater attention to the char- 
acteristics of the ear, the tape, and the music should provide 
a system with adequate overload characteristics and greater 
signal-to-noise ratio. 


12 Lennert, “Equalization of Magnetic Tape for Audio & Instrumen- 
tation Applications,” Trans. IRE, AU-1 n. 2. 20-25 (March 1953) 
and Snyder and Havstad, “Equalization in Direct Record. for Audio,” 
IRE Convention Record 4 #7 (Audio & Broadcast): 135-141 (1956). 
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SOME SAMPLES OF SPECTRUM ANALYSES OF TAPE RECORDINGS 
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This problem has been studied previously for stereo- 
phonic sound on film systems’ based on the Sivian, Dunn 
and White paper on spectra of musical instruments and or- 
chestras.'* This work was for a film system for theaters and 
it is of relatively little direct value in tape recording, but 
the philosophy is similar. They, like us, appear to have 
done little in determining the audible effects of the various 
types of overload which may occur in recording. We hope 
to investigate these effects more carefully at a later date. 

The data in Sivian, Dunn and White for ratio of peak 
pressure to average total pressure for music, show that for 
the three different musical selections performed by the same 
group the energy distributions are considerably different. 
This led us to a more complete study along the same gen- 
eral lines. It confirmed our worst fears—one can draw a 


13 John C. Steinberg, “The Stereophonic Sound Film System, Pre- 
and Post-Equalization of Compander Systems”, Jour. SMPTE 37: 
366 (1941). 

14 Sivian, Dunn & White, “Absolute Amplitudes & Spectra of Cer- 
tain Musical Instruments & Orchestras”, J. Acoust. Soc. Amer. 2: 
330 (1931), and the later discussion of this paper, Young & Dunn, 
“On The Interpretation of Certain Sound Spectra of Musical Instru- 
ments”, J. Acoust. Soc. Amer. 29: 1070-1073 (1957). 


curve of peak pressure vs frequency quite arbitiarily and 
then find some selection of recorded music which will look 
like this, due to variations in the composition itself, the 
instrumentation, performers, recording studio and micro- 
phone techniques. Even without many microphones close 
to the instruments and high frequency equalization in the 
recording console, the energy in the one-third octave at 
12 kc may be greater than that in the one-third octave at 
400 cps, or it may be lower than 35 db less than the energy 
at 400 cps. Figure 8 shows some sample spectrum analyses. 
(There is no such thing as a “typical” spectrum analysis.) 
Figure 9 shows the maximum and minimum limits of peak 
energies in 76 recordings which all read zero on the VU 
meter. 

Although these new studies show that some material will 
have considerable energy in the high frequency part of the 
spectrum, we note that not all material has appreciable 
high-frequency energy content. Since the ear is most sensi- 
tive to noise in the 1 to 6 kc region, it is desirable that the 
pre-emphasis be such that the overload in the 1 to 6 kc 
region shall occur first, but only just before overload at 
lower frequencies. If this criterion is fulfilled, then we will 
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have a pre- and post-emphasis system which is as near to 
ideal as can be practically achieved. Obviously, no one 
system is ideal for all music recordings. 

Figure 10, Curve 1, shows the recording pre-emphasis 
curve proposed for test, compared to NAB Curve 2. The 
shape of this new pre-emphasis curve is unusual in one basic 
respect: The common pre-emphasis curves rise at 6 db per 
octave from some transition frequency. There is only one 
variable, the transition frequency. This gives a family of 
curves as in Figure 11. For pre-emphasis at lower frequen- 
cies, the high frequency pre-emphasis is excessive. The 
newer curve uses two transition frequencies giving a “shelv- 
ing” effect’® (Figure 10, Curve 1). Therefore, we can con- 
trol both the frequency at which the pre-emphasis starts and 
the maximum amount of pre-emphasis. The test pre- 
emphasis gives considerably more pre-emphasis in the 1 to 
6 ke region, but essentially the same pre-emphasis in the 
10 to 15 ke region. When this record pre-emphasis is used, 
the noise spectrum in playback would be as shown in Figure 
12, Curve 2. Also on this same figure are the equal loud- 
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15 A slight additional boost is added above 10 kc to compensate for 
amplifier and record-head losses. 


ness curve for the 40 phon level (Curve 3) and the noise 
spectrum with the NAB equalization (Curve 1). The audi- 
ble noise should be greatly decreased, and listening tests 
show that this is the case. It was necessary to attenuate 
the NAB channel by 7 db to have its audible noise equiva- 
lent to that of the test equalization. 

Figure 13 shows the data for maximum output, and input 
to produce 1% db less than maximum output for the test 
pre-emphasis (which is the same as the finally used AME 
pre-emphasis), and also for the NAB pre-emphasis (from 
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Figure 5). The two maximum outputs should differ by the 
amount of difference shown in Figure 10 for the two pre- 
emphases. (Small differences in the two channels used for 
making measurements cause a slight discrepancy in the 


MAXIMUM OUTPUT, AXD IXPUT TO PRODUCE 1,'2 d> LESS THAN MAXIMUM 
OUTPUT 


‘Ampex Model 350-2. ‘One Channel AME Equalization; Other Channel 


NAB 15 ips Irish "300" Tope, Biased for Maximum 


Output at I ke 
Littiips | 


2) Input to Produce 1/2 d> Less Than Maxtmum 
Output NAB 
Seseien meer 
Se 
| 
es BG 


3) Maximum Output AME 4 


Note: AME and NAB Curves Should Be Different by the Amount That the Record Pre- Emphases 
This Does Not Occur Exactly Due to Slight Differences Between the Two Channels of the Reco: 
Was Used For Making Measurements 
4h 4 awww 4 
Ti tiit a aS I 
. . 6? ee 7 ; © 8 © Fes: ? 
wo 1000 


FREQUENCY IN CYCLES PER SECOND 


Fig. 13. 
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15 IPS 


maximum outputs; likewise for the two maximum inputs.) 

While we were using this first test pre-emphasis, some 
high frequency noise was still audible and a second test 
pre-emphasis was devised (see Figure 14). This was similar 
to the first pre-emphasis, but used an even greater pre- 
emphasis above 5 kc. Tests made with this pre-emphasis 
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T PRE-EMP AND FIRST 


r First Test 


FREQUENCY IN CYCLES PER SECOND 


Fig. 14. 


showed that severe high frequency overloading occurs be- 
fore any apparent overload at lower frequencies. This was 
obviously too much pre-emphasis for 15 ips, but might be 
usable at 30 ips. 

A variety of recordings have been made with the first test 
pre-emphasis curve (record pre-emphasis Figure 10; noise 
Figure 12, Curve 2; maximum output Figure 13, Curve 3) ; 
they include live recordings made of the Stanford Univer- 
sity orchestra, the San Jose State College band, and some 
studio sessions of popular music at the RCA New York 
studios. The recordings of symphonic-type material all 
show appreciable improvement in the noise level with the 
new equalization. Neither the symphonic- nor the popular- 
type material had audible overload of any sort with the 
test pre-emphasis. 

It would be very desirable to make further studies to 
determine what distortions are audible and how one can 
make a meter which correlates with these audible distor- 
tions. Since these recommended investigations will take 
quite a while, and since this first test pre-emphasis has 
worked very satisfactorily and is apparently as much pre- 
emphasis as could safely be used, the Professional Products 
Division has adopted this first test curve as their Ampex 
Master Equalization (AME) curve to be used for 15 ips 
recording of masters by studios. 

The further pre-emphasis which is used in the AME curve 
was possible because full capabilities of the tape were not 
being used at 15 ips. Brief tests were conducted to see if 
these principles of utilization could be applied to 334 ips 
recordings, but it was quickly found that even the standard 
pre-emphasis curve at 334 ips caused noticeable overloading. 
Brief tests at 714 ips indicate that it would not be possible 
to get better signal-to-noise ratio at 71% ips than with the 
present equalization. It would, however, be possible to use 
slightly more pre-emphasis at 7% ips in the 1 to 5 kc region 


and less pre-emphasis in the 5 to 15 kc region. In doing so, 
the signal-to-noise ratio would be decreased slightly, but the 
high-frequency overloading characteristics would be consid- 
erably improved. Further studies at 7% ips have not been 
conducted. 


APPLICATION 

Since the AME curve represents a large deviation from 
the NAB standard curve, and since it appears that the only 
customers who are dissatisfied with the present signal-to- 
noise ratio are the companies making sound recordings to 
be released as phonograph records or pre-recorded tapes, we 
have felt it undesirable to propose this change of equaliza- 
tion for general use by broadcasters and general users. We 
do feel, however, that the gains are appreciable for those 
users who are critical in their requirements for signal-to- 
noise ratio. 
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has felt that a survey paper of this nature would be welcomed, particularly since many of our members will not have had access to it. 


A SURVEY OF PERFORMANCE CRITERIA AND DESIGN CONSIDERATIONS FOR 
HIGH-QUALITY MONITORING LOUDSPEAKERS 


By D. E. L. SHORTER, B.Sc.(Eng.), Associate Member. 


SUMMARY 

Loudspeakers used for monitoring purposes in broadcasting and 
recording studios are désigned to give the nearest practicable approach 
to realistic reproduction. The paper discusses the various criteria 
which can be applied to the performance of such loudspeakers, together 
with the relationship between the measured free-field characteristics 
and the response as subjectively assessed in the working environment. 

While the degree of realism achieved in sound reproduction can 
only be judged aurally, even subjective assessments can be misleading 
unless carried out under controlled conditions and with clearly defined 
terms of reference ; the precautions necessary in such tests are discussed. 

Some of the less obvious design considerations are reviewed and 
illustrated by examples. 


(1) INTRODUCTION 
(1.1) Functions of a Monitoring Loudspeaker 


Broadcasting and recording organizations use high-quality 
loudspeakers to assess the aesthetic and technical merits of the 
programme material which they originate and to guide them in 
the control of such variables as the placing of artistes and 
microphones in the studio. It is sometimes suggested that 
monitoring of this kind should be carried out with loudspeakers 
of mediocre quality, such as are used by the majority of the 
public, the implication being that the programme material ought 
to be modified as necessary to offset the shortcomings of these 
instruments. In fact, the various types of low-grade sound- 
reproducer, while having certain features in common, differ so 
much in many respects that attempts to compensate for the 
characteristics of one lead to unnecessarily poor reproduction 
with another. Moreover, the occasional presence of fault con- 
ditions, to which every system is liable, is most noticeable with 
high-grade reproducing equipment, and it is clearly undesirable 
that the existence of technical faults should become apparent to 
even a minority of listeners while remaining unobserved by the 
operating staff. Finally, if progress in the science of sound 
transmission is to continue, the technical equipment concerned 
in originating the programme should have a higher standard of 
performance than that employed in reproducing it, since the 
former can be replaced only at long intervals while the latter is 
more frequently renewed and can more easily be kept up to 
date. It is therefore customary for loudspeaker systems 
employed for monitoring purposes to be made as free as 
possible from technical defects. There must be, however, a 
limit to the degree of elaboration to which it is proper to go; 
for example, the use of two or more separate loudspeakers to 
give a pseudo-stereophonic effect would be completely unrealistic 
at the present time. Moreover, even a broadcasting or recording 
organization must limit the size and cost of its listening equip- 
ment. In practice, a monitoring loudspeaker is intended to 
represent the best product of its kind which could be used by a 
member of the listening public, assuming an outlay comparable 
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with that of the high-quality radio-receiving and record-repro- 
ducing equipment required to do justice to it. 


(1.2) Scope of Paper 

Although considerable literature on various aspects of loud- 
speaker design exists, the fundamental question of the require- 
ments to be met by the finished article is less fully documented. 
A large part of this survey is therefore devoted to the various 
performance criteria, subjective as well as objective, which have 
from time to time been proposed. Various means of meeting 
present-day requirements are also discussed. It should be 
emphasized, however, that at present no clear-cut solution is 
possible. It is not the function of the paper to add to the 
already long list of publications advocating particular methods 
of achieving the desired result; the examples cited are intended 
solely to illustrate some modern trends of development and to 
show the limitations, as well as the possibilities, of particular 
lines of approach. 


(2) CRITERIA OF LOUDSPEAKER PERFORMANCE 
(2.1) Terms of Reference 


It is assumed that the ideal to be aimed at in sound reproduc- 
tion is realism, i.e. that the sound pressures produced at the 
observer's ears should at any moment be equal to those: which 
would obtain if either the original source of sound were brought 
into the listening room, or the observer were transported to some 
designated spot in the vicinity of the sound source. It should, 
however, be appreciated that, while the first condition might 
conceivably be produced if the geometry of the reproducing 
system bore some relation to that of the original sound source, 
the second, which is the one required for the majority of pro- 
gramme items, is fundamentally impossible to achieve—at all 
events, by a single loudspeaker.* It would require that the 
sound reaching the listener’s ears from every direction should be 
related to the acoustic properties of the studio or concert hall 
but not to those of the room in which the loudspeaker is placed. 
The characteristics of a loudspeaker required to give the nearest 
approach, from an observer's point of view, to this impossible 
ideal depend upon subjective factors and cannot yet be pre- 
scribed from first principles. Fortunately, every broadcasting 
or recording organization employs a number of operating staff, 
whose daily activities involve listening alternately in studios and 
monitoring rooms and making critical comparisons between the 
sounds heard in the two places. Such observers are probably 
the best available judges of realism, and since their function con- 
stitutes them a species of consumers’ representative, it seems 
reasonable to regard them as the final arbiters. 


(2.2) Difficulties of Objective Assessment 


Since the product of loudspeaker reproduction cannot be 
objectively defined, all that can be done is to specify those 


* Stereophonic or pseudo-stereophonic systems are excluded from this discussion. 
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characteristics of the vibrating and radiating system which are 
thought to be relevant to the final result. Few of these charac- 
teristics can be varied independently of the others, while some 
of them cannot be accurately reproduced in nominally identical 
specimens. As a result, deductions regarding the influence of 
the various factors on the subjective end-product are often very 
uncertain, and any advance in making meaningful measurements 
is a slow process of trial and error. The position could be 
improved by more frequent publication of experimental results 
by those able to produce significant data, so that a body of 
experience could be built up. A greater degree of standardiza- 
tion in methods of measuring and expressing the performance of 
loudspeakers is, however, desirable; in this connection, attention 
may be drawn to the British Standard' of 1954 dealing with 
this subject. 

The significance of the various measurable characteristics will 
now be discussed. 


(2.3) Effects of Environment and Directional Characteristics 


For the purpose of this discussion the term ‘loudspeaker’ 
includes the complete radiating system, comprising one or more 
vibrating diaphragms and some form of baffle or enclosure. It 
is a 3-dimensional device which is invariably small compared 
with the longest wavelength of sound to be radiated and large 
compared with the smallest. Its directional properties therefore 
vary widely with frequency; i.e. its frequency response varies 
widely with the direction of radiation. In general, loudspeakers 
are used indoors, so that much of the sound reaching the 
listener arrives indirectly, after having been radiated in various 
directions and reflected from the boundaries of the room, being 
further modified in the process through the variation of reflection 
coefficient with frequency. By some process not fully under- 


stood, the listener is able without conscious effort to integrate 


all the resulting stimuli into a single impression. It is clear, 
therefore, that any attempt to predict from the free-field charac- 
teristics of a loudspeaker the frequency response as it appears 
to the listener must take into account the radiation in various 
directions. For simple cases, where the relationship between 
the frequency characteristics for various angles of radiation is 
fixed, empirical rules, based on subjective assessment, have been 
formulated. Thus, McMillan and West? adopted the mean 
spherical response as a criterion; they described a loudspeaker, 
having a 7 in diameter cone, in which the mean spherical response* 
was held constant with frequency by making the axial frequency 
characteristic rise by about 24}dB per octave. This principle is 
not, however, universally applicable, and experience with loud- 
speakers covering frequencies up to 10kc/s or above suggests 
that, if a single quantity representing ‘effective’ response is to 
be found at all, it will lie somewhere between the axial and mean 
spherical response. Such a quantity could be obtained by 
carrying out a modified spherical integration at each of a number 
of frequencies, taking zones concentric with the loudspeaker 
axis, and applying some weighting function which would give 
the front response more prominence. The measurement could 
be economically undertaken by using the normal equipment for 
tracing directivity patterns with the addition of a suitable signal- 
integrating device.* 

Deduction of the effective frequency response of a loudspeaker 
from its free-space characteristics usually involves the tacit 
assumptions that complete diffusion of sound energy exists, and 
that the reaction of the reflected sound upon the loudspeaker, as 
manifested by changes in the acoustic impedance presented to 
the latter, may be neglected. These assumptions become invalid 

* The term ‘mean spherical response’ in acoustics relates to the total acoustic 


Power output from a sound source and is analogous to the term ‘mean spherical 
candle power’ used in optics. 


at wavelengths comparable with the dimensions of the room; 
where these dimensions are small, the sound level below 100c/s 
is difficult to predict, and it may be desirable to adjust the low- 
frequency characteristics of the loudspeaker to suit local con- 
ditions. It should also be pointed out that most monitoring 
loudspeakers are required to operate in a variety of positions, 
so that devices such as corner horns, which can only function at 
particular places in the room, are unsuitable for general use. 

So far, the question of directional characteristics has been 
considered only in relation to the apparent frequency response 
of the loudspeaker/room combination. However, the final 
result as assessed by the listener also includes the apparent size 
and position of the sound source; this attribute of a loudspeaker 
cannot be directly specified, but is likewise a function of the 
directivity pattern. Single-cone loudspeakers of conventional 
construction become increasingly directional with increasing fre- 
quency, and in rooms of average reverberation time give the 
impression of a clearly localized small source of sound. Less 
directional loudspeakers produce more reverberant sound in the 
listening room and give a more spacious effect; and with a nearly 
omnidirectional system the source appears to be distributed over 
a wide area. It by no means follows, however, that omni- 
directional radiation at all frequencies represents the ideal con- 
dition. From subjective experiments with loudspeakers of 
widely differing directional characteristics, Kaufmann‘ recently 
concluded that the preferred form of polar distribution was that 
of the original source of sound. Further subjective studies are 
now required to decide on the best compromise for all purposes. 


(2.4) Significance of Broad Trends in Response 
(2.4.1) General. 


Because of the irregular nature of loudspeaker frequency 
characteristics, which commonly exhibit local fluctuations of 
+5dB or more about the mean, the effects of smaller deviations 
in the broad trend of the response, such as would be considered 
significant in other parts of the transmission chain, are often 
underrated. Changes of +2dB or less in the general trend or 
in tHe relative level of certain critical frequency bands can be 
detected in whatever part of the transmission chain they occur; 
for example, two frequency characteristics, each within +2dB 
of uniformity but one increasing slowly and the other decreasing 
slowly throughout the range, give distinctly different subjective 
effects. It is therefore convenient to consider the broad trends 
in the response of the system, averaged over a series of frequency 
bands by the use of wide-range warble tones or bands of noise; 
in dealing with derived quantities such as the mid-band sensitivity 
or the mean spherical response, such an approach may in any 
case be necessary on practical grounds. For instrumental 
reasons, the accuracy with which the details of a frequency 
response curve can be delineated is often little better than +2dB. 
However, many of the errors to which this type of measurement 
is subject are absent for a noise-band test, in which results can 
usually be repeated to better than 4 dB; such tests are of practical 
value for routine maintenance, since valid comparisons between 
loudspeakers of the same type can be made in a ‘live’ room. 


(2.4.2) Significance of Specific Frequency Bands. 

Experience with loudspeakers of known characteristics, supple- 
mented by experiments on raising or lowering the response in 
specific regions by means of band-pass or band-stop circuits, 
enables the subjective effect of an excess or deficiency to be 
predicted. Many of the conclusions to be drawn from such 
experience are too well known to require recapitulation; two, 
however, are worth mentioning because of their bearing on 
design. 

If a progressive decline in response with increasing frequency 
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RESPONSE, ¢B 


Fig. 1.—Typical defects in upper-frequency response. 


is followed by an increase, giving the type of characteristic 
illustrated in curve (a) of Fig. 1, the upper frequency range will 
be heard to stand out in unnatural relief, even though the 
response may nowhere rise above the mid-band level. It should 
be noted that this form of frequency characteristic modifies the 
spectrum of the reproduced sound in a way not experienced 
when listening to natural sounds. Progressive attenuation with 
increasing frequency is an everyday occurrence—it is experienced, 
for example, when listening to sound which has travelled round 
a corner—but, apart from isolated cases of specular reflection, 
selective reinforcement of the upper frequency range does not 
appear in nature. Even a shelving characteristic, such as that 
shown in curve (6) of Fig. 1, can give the effect of a ‘dis- 
embodied’ high-frequency output, a result which could be 
explained on the assumption that the energy spectrum is sub- 
jectively analysed into a continuously falling curve (c) of Fig. 1, 
with the addition of a secondary curve, (d). The above remarks 
naturally apply to some extent to the sound radiated in all 
directions and it seems to be a safe rule that the ear, in integrating 
the characteristics for the various angles of radiation, will take 
in the most well-defined—which in practice means the worst— 
features of each. Unfortunately, the off-axis frequency charac- 
teristics of wide-range multi-radiator loudspeakers are particu- 
larly likely to be of the humped or shelving type shown in 
curves (a) and (6), even though the axial characteristic may 
be flat. . 

The second observation concerns the critical nature of the 
frequency band in the region 2-4kc/s, the level of which, 
relative to the remainder of the spectrum, has a pronounced 
effect upon the apparent auditory perspective. Deficiency in 
this band gives a distant impression; slight excess gives a for- 
ward quality, sometimes referred to as ‘presence’. The tonal 
quality associated with extreme deficiency or excess in this 
Tegion ranges from hollow, or distant, to hard or metallic.* 
This compiete gamut of effects can often be passed through 
with a change in level of plus or minus a few decibels in the 
band concerned. With most cone radiators designed to cover 
the lower-frequency range the response in the 2-4kc/s region is 
difficult to control and often varies widely in manufacture. To 
obtain consistent performance in production, therefore, it is 

* Such expressions as these may seem out of place in a technical context. They 
are, however, typical of the terms in which the end product of a sound-reproduction 


system is described by the observer, and when employed by individuals known to be 
capable of consistent judgment must be treated with respect. ‘4 


desirable in multi-unit loudspeaker systems, first, that the first 
cross-over frequency should not be higher than 2kc/s, and 
secondly, that means should be provided for adjusting, in steps 
not greater than 2dB, the relative levels of the signals applied 
to the high- and low-frequency units to compensate for produc- 
tion variations in sensitivity. 

(2.4.3) Overall Slope of Response Characteristics. 

It is often tacitly assumed that, for the highest degree of realism 
in sound reproduction by a single loudspeaker, the axial response, 
the mean spherical response or some intermediate quantity 
ought to be held constant with frequency. This assumption is 
not always supported by subjective judgment. Observers who 
with one type of loudspeaker prefer an axial response rising 
slightly with increasing frequency may demand with another type 
that the axial characteristic, and hence all other characteristics, 
should fall. The desire for a reduced high-frequency output 
is often expressed when the frequency response curve in the 
upper part of the range is not smooth; in other cases, the varying 
preferences may be connected with the directional characteristics. 
Again, with loudspeakers of conventional directional properties, 
a uniform axial frequency response is necessarily accompanied by 
a considerable increase in total sound output at the lower fre- 
quencies; this increase is seldom regarded as excessive and is 
sometimes felt to be insufficient. The demand for an overempha- 
sized low-frequency response may be partly accounted for by the 
apparent weakening of the lower-frequency components which is 
observed ‘when a sound is reproduced at a level below that of the 
original. However, in view of the complexity of the factors on 
which the illusion of reality depends, varying preferences such as 
those referred to need occasion no surprise and it seems unprofit- 
able to be dogmatic on the subject. The only firm conclusion 
which can safely be drawn is that with wide-range loudspeakers 
of conventional directional characteristics a flat axial response 
may be acceptable but a flat mean-spherical response is 
intolerable. 


(2.5) Frequency-Response Irregularity and Related Criteria 
(2.5.1) General. 


So far, attention has been concentrated on broad trends in 
the frequency characteristics such as would remain after 
averaging the response over bands of, say, 4-1 octave. Per- 
formance criteria based on such a smoothing process represent 
a minimum requirement. Clearly, the response within each 
band should vary as smoothly as possible with frequency; the 
permissible degree of fluctuation has, however, always been open 
to doubt. Much of the published work on this subject is con- 
cerned with the relationship between the frequency response of 
the system and the time response as shown by the reproduction 
of transient signals; it will therefore be convenient to survey 
these two subjects together, along with the closely connected 
subject of phase distortion. 

Most of the detailed studies of frequency characteristics have 
treated the loudspeaker as a minimum-phase-shift device; in such 
a case, supplementary measurements of phase shift or transient 
response could be undertaken for convenience but would in 
principle be unnecessary. The practical limitations imposed by 
the minimum-phase-shift assumption will be discussed later. 


(2.5.2) Transient Response. 

The direct observation of transient phenomena in loudspeakers 
has been the subject of a number of publications. Early investi- 
gations were carried out by McLachlan and Sowter, using a unit- 
step signal, and in 1937: Helmbold,* using an interrupted tone, 
was able to demonstrate the relationship between build-up time 
and steady-state frequency response. 
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Some years ago the author suggested® that, since correlation 
between subjective quality and frequency-response irregularity 
was still unsatisfactory, the interrupted-tone testing method 
should be extended to the later stages of the transient, the form 
of which can in simple cases be related to the smaller fluctuations 
in the frequency characteristic. Attention was concentrated on 
the decay transient, the envelope of which had been found at 
particular frequencies to take the form approximately represented 
in Fig. 2(a). The slowly decaying tail presumably represents 
the sound output from some resonant element having relatively 
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Fig. 2.—Methods of representing response of multiple resonant system 
to interrupted tone. 
(a) As a function of time. 
(5) As a function of time and frequency. 
(c) As a 3-dimensional model in time and frequency. 


little damping; this sound can thus be regarded as having been 
diluted by the main sound output in the ratio Ag : Ap, which, in 
conjunction with the two decay factors A, and A,, serves as a 
useful quantitative index to the transient behaviour of the 
system. At the cost of some instrumental complication, the 
data obtained from oscillograms can be presented as a function 
of the frequency of the interrupted tone. To this end the cycle 
of interruption is repeated at short intervals while the frequency 
is slowly varied and the envelope amplitude A,, appearing at 
time f, after the start of the decay, is plotted; the same process, 
repeated for times f, f3, etc., gives a family of curves, of the 
form shown in Fig. 2(6), which exhibit peaks.at the various 
frequencies of resonance. This presentation can be used even 
where the decays are not exponential. The information shown 
in Fig. 2(6) can also be presented as a 3-dimensional model 
representing amplitude, frequency and time; Fig. 2(c) shows such 
a model constructed from experimental data. 

Following the same approach, Corrington,’ in the United 
States, showed experimentally the connection between various 
modes of cone resonance, the associated transient phenomena 
observed with an interrupted tone signal and the corresponding 
fluctuations in the frequency characteristic, many of which, in 
the examples given, were less than 1 dB in extent. As a sequel 
to this work, an ingenious electronic device was designed® to 
interrupt the test tone at intervals corresponding to a prescribed 
number of cycles and to record, as a function of frequency, the 
mean sound output registered during the nominally silent 
periods. From the results, it was suggested®:? as a criterion that 
the mean sound pressure during the first 16 cycles of the decay 
transient should not exceed some 12% of the steady-state pres- 
sure at the same frequency. 

In contrast to the methods just described is the work of 
Hentsch!® and Seemann,!! in Switzerland, on the influence of 
irregularities in the frequency characteristic. Seemann proposed 
some empirical rules, based on subjective experiments with 
interrupted tone passed through various resonant circuits and 
filters and presented to the observers by high-quality earphones; 
he concluded that, inter alia, irregularities in frequency response 
up to +2dB are imperceptible. 

The various lines of approach outlined above have more in 
common than may at first appear. Consider a case in which 
irregularities of +2dB, ie. approximately +25% about the 
mean response curve, are caused by the presence in the loud- 
speaker system of a series of subsidiary resonant elements, the 
maximum output from each element being 25% of the mean 
output and either in phase or in antiphase with it. The tail 
of the transient will then start its decay with an amplitude Aj 
which is 0-25 of the mean steady-state sound pressure in the 
frequency region concerned. Let it now be assumed, for 
example, that the final rate of decay is 1 dB/millisec (A, = 115)— 
a figure which lies roughly in the middle of the range encountered 
in practice and within one order of the extreme values—and that 
A, > Ay; it is then readily shown that at 1 kc/s the average level 
of the transient tail taken over the first 16 cycles is 0-48Ap, 
or 0-12 of the mean steady-state pressure. In the example 
given, therefore, the frequency response which just satisfies 
Seemann’s criterion of +2dB is associated with a form of 
transient which just meets the 12% requirement laid down by 
Corrington. 


(2.5.3) Effect of Non-Minimum-Phase-Shift Condition. 


In all the work described in the last Section, frequency- 
response irregularity and transient distortion existed simul- 
taneously and no attempt was suade in the experiments to 
introduce the one without the other. In any system to which 
the minimum-phase-shift condition does not apply, the two 
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attributes can, of course, be independent of each other, but little 
information is available on the subjective effect of varying them 
separately. Hentsch,'® however, described some tests carried 
out with a series of all-pass networks, which allowed phase 
shifts to be introduced into the transmission chain without 
alteration of the frequency characteristic; the networks gave a 
maximum group delay, i.e. rate of change of phase with fre- 
quency, up to 35 millisec at 524c/s but very little delay at other 
frequencies. Interrupted tone at 524c/s was passed through the 
delay networks and presented to the observers through high- 
quality headphones; the smallest perceptible group delay time 
was found to be of the order of 10millisec. Tests were dlso 
carried out with a simple resonant circuit tuned to a frequency 
of 524c/s; a circuit of this kind, having a time-constant of 
about 2 millisec, was found to have the same—just perceptible 
—subjective effect as the all-pass system with a group delay of 
10 millisec. These results illustrate the limitations of transient- 
response measurement when minimum-phase-shift conditions 
cannot be assumed. In such circumstances, however, the steady- 
state response/frequency characteristic is equally inadequate as 
an index of performance unless supplemented by the correspond- 
ing phase/frequency characteristic. 


(2.5.4) Phase Distortion. 


Many cases occur in practice in which a loudspeaker imposes 
on the reproduced sound a strong characteristic coloration, 
although the frequency response curve in the region concerned 
is smooth and level or has been made so by electrical equalization. 
These loudspeakers presumably cannot be regarded as minimum- 
phase-shift devices, and consideration of their phase distortion is 
indicated. Measurement of phase distortion in loudspeakers has 
hitherto received little attention, probably because of the instru- 
mental difficulties involved, though Ewaskio and Mawardi!? have 
published some group-delay/frequency characteristics for single- 
and double-unit loudspeakers, together with the corresponding 
amplitude-response/frequency characteristics. Measurements of 
this kind may ultimately provide the solution in otherwise 
intractable cases, but much further work will be necessary 
before the practical value of this approach can be properly 
assessed. 


(2.5.5) Effect of Interference. 


In the foregoing discussion it is tacitly assumed’ that sound 
from the various parts of the radiating surface reaches the 
measuring point by paths of nearly equal length so that inter- 
ference effects are negligible. To achieve such a condition, even 
on the axis of a small diaphragm, is less simple than might be 
expected. Even though the radiation from the rear of the 
diaphragm is completely suppressed, interference can be caused 
by reflection at the discontinuity formed by the edges of the 
enclosure. This effect, first demonstrated by Nichols'? and 
Olson,!* may extend throughout the audio-frequency range; it 
can be minimized by mounting the radiating unit asymmetrically 
and by rounding or chamfering the front edges of the enclosure. 

A difficult situation arises when the loudspeaker consists of 
several units. Where each unit covers a different band of fre- 
quencies, interference is confined to the cross-over region. If, 
however, two or more units are used to cover the same band—a 
growing practice in loudspeakers intended to give wide-angle 
radiation at high frequencies—the effect will extend over a 
wider band and it may be impossible to find any point equidistant 
from all the radiating surfaces at which to measure the response. 

As long as interference effects in free space vary with the 
position at which the pressure measurement is taken and do not 
affect the average response of the loudspeaker over a wide band, 
they fall into the same category as interference effects produced 
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by reflections in a live listening room and maybe relatively 
harmless. Some method of measurement which would auto- 
matically discount irregularities in the frequency characteristics 
arising from interference, while retaining enough information 
about irregularities arising from other causes, is therefore 
desirable. Meanwhile, it may be necessary, in investigating the 
performance of a multi-unit loudspeaker, to test each unit 
separately, if necessary in another enclosure. 


(2.6) Non-Linearity 
(2.6.1) General. 


The effects of non-linearity in loudspeakers differ from those 
occurring in most other parts of a sound transmission system 
in the manner in which they vary with the frequency of the 
signal. Apart from a gradual increase in distortion towards 
the lower end of the working frequency range, pronounced non- 
linearity often appears in a series of very narrow bands,'> so 
that measurements are laborious and the results are particularly 
difficult to interpret for a complex signal waveform. It is 
therefore not surprising that the literature on the subject is 
concerned more with the description of methods of distortion 
measurement, illustrated by results for particular cases, than 
with systematic investigations to discover the maximum per- 
missible values. With some forms of distortion it would 
probably be easier, as well as more profitable, to remove the 
cause by appropriate design than to discover rules for assessing 
the effect. More information on the mechanism of the various 
forms of distortion in loudspeakers is therefore required; to 
obtain this information various refinements of measuring tech- 
niques may be necessary. 

Measurements of non-linearity in loudspeakers at discrete fre- 
quencies are of limited value unless these frequencies are chosen 
by ear, using a gliding-tone signal. Ideally, distortion should be 
measured as a continuous function of frequency, and this can be 
done by heterodyne methods or by switching filters. 


(2.6.2) Application of Harmonic and Intermodulation-Distortion Tests, 


In single-tone distortion testing, it is advisable to measure the 
individual harmonics, since loudspeakers are prone to a type of 
non-linearity'® which is more offensive to the ear than the total 
harmonic content would suggest. Such distortion can arise 
when some vibrating element, e.g. the cone surround, is in 
resonance and reaches the limit of its excursion while the rest of 
the moving system is still operating linearly. 

Fig. 3 shows an example of a harmonic-distortion measure- 
ment on a loudspeaker made by means of a gliding-tone 
heterodyne analyser’ The signal at the input of the associated 
amplifier was held constant with frequency at such a value as 
to produce at 400c/s and at 4ft 6in distance an axial sound 
pressure of 10dyn/mc? r.m.s. (94dB above the reference level, 
2 x 10-4 dyn/cm?). Fig. 3 shows the fundamental and har- 
monics up to the sixth in their correct relative positions on a 
decibel scale. The degree of distortion shown at the highest 
and lowest frequencies is not reached in practice, since the 
spectrum of normal programme material falls at the extremes 
of the frequency band,'?»!8 To cover all conditions it would 
be possible to repeat the distortion measurements at a series 
of different input levels. A less laborious alternative would 
have been deliberately to reduce the applied signal at high and 
low frequencies according to some law based on the spectrum 
of the programme; to this end it would be helpful if agreement 
on a standard law of attenuation could be reached. 

Harmonic-distortion tests cannot be extended to the upper end 
of the audio-frequency range, since many of the distortion 
products then fall outside the pass-band of the loudspeaker or 
measuring equipment; this limitation is not serious unless the 
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Fig. 3.—Fundamental and harmonics in output of loudspeaker excited with gliding tone. 


distortion produced by the loudspeaker or its associated amplifier 
increases at higher frequencies. Where it is important to test 
the linearity of the system up to the limit of the audio-frequency 
band, an intermodulation test with two gliding tones, of fre- 
quencies f,; and f, (/, >/;) and a constant difference f, — /;, 
may be applied. Fig. 4 shows the results of such a test on the 
loudspeaker of the last example. The amplitude of each tone 
was 1/,/2 of the amplitude of the single tone in the harmonic 
measurement and f/f, — f,; was 120c/s. The curves show the 
relative levels of the fundamental signals and the intermodulation 
products having frequencies fp —/f;, 2f; —/o, 3f; — 2f and 
4f, — 3f2. It will be seen that in tests of this kind it is insufficient 
to take the difference frequency alone; on the other hand, the 
measurement of one or two of the higher-order products will 
probably give all the information that is required. 

In a more common form of intermodulation test, two tones 
widely separated in frequency are applied; the amplitude of the 
higher-frequency tone is generally made about one-quarter that 
of the lower-frequency signal!’ and the distortion is assessed in 
terms of the degree of modulation of the former by the latter. 
This type of measurement is primarily intended to indicate non- 
linearity at frequency f;, the signal of frequency /, being regarded 
as a pilot tone, the precise frequency and amplitude of which 
are unimportant, and which in itself creates no distortion pro- 
ducts. The method has the great advantage that the acoustic 
measurement can be confined to a small range of frequencies in 
the middle of the audio-frequency band. In an alternative 
scheme proposed by Ingerslev'? the two applied signals are of 
equal amplitude and the level of the intermodulation products 
is plotted as a function of /,, f; remaining fixed. The results of 
such a measurement must, however, depend on the degree of 
non-linearity existing at both /,; and /,, and a number of tests 
would be necessary to identify the various sources of distortion. 


(2.7) Methods of Subjective Assessment 
(2.7.1) General. 


The subjective assessment of loudspeaker performance might 
appear to be a simple and straightforward operation and was 
once so regarded. It was common practice to judge loud- 
speakers by their reproduction of a variety of transmitted 
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Fig. 4.—Fundamental and intermodulation products in output of 
loudspeaker excited with two gliding tones of equal amplitude 
having a constant frequency difference. 


programme material without reference to the original sound; 
sometimes the criterion of the ‘most pleasing sound’ was adopted. 
However, when the standard of reproduction advanced to the 
point where some slight semblance of realism was possible, this 
somewhat naive approach had to be abandoned, for the order 
of merit was found to vary with the type of programme material, 
the studio acoustics, the microphone placing, and with other 
factors such as the position of the different loudspeakers in the 
listening room. Further experience showed that, by systematic 
listening tests carried out under more carefully controlled con- 
ditions, the effects of irrelevant factors could be largely eliminated 
and the risk of a wrong judgment, i.e. one which would later 
have to be revised after a period of service, much reduced. 
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(2.7.2) Noise Tests. 


Many of the salient features of loudspeaker response can be 
very quickly appreciated subjectively by applying to the input a 
continuous-spectrum random-noise voltage. To avoid aural 
fatigue and to render the test more sensitive, it is advantageous 
for this and other subjective assessments to place a second loud- 
speaker beside the one under consideration and to switch back 
and forth between the two; by contrast, the individual peculi- 
arities of both loudspeakers will then become evident. This 
test will usually disclose differences even between nominally 
identical loudspeakers. 


(2.7.3) Speech Tests. 

The realistic, as distinct from the merely intelligible, reproduc- 
tion of speech is particularly difficult to achieve; the transmis- 
sion of a voice which is familiar to the observers is a 
stringent test for a loudspeaker. Male voices are the most 
suitable, as they reveal various defects common in the 250- 
1000c/s band. The speech should be transmitted from a non- 
reverberant room or from the open air, for it is not the function 
of a loudspeaker to compensate for peculiarities in the acoustics 
of studios. It is not permissible to reduce the amount of trans- 
mitted reverberation by bringing the microphone close to the 
talker’s mouth; speech picked up at distances less than 12 in has 
an unnatural character, particularly at high frequencies, which 
cannot be compensated by electrical equalization. 

For these and the remaining subjective tests, the loudspeakers 
to be compared should be concealed from the observers to 
prevent identification. 


(2.7.4) Music Tests. 


The final test consists of a comparison between live and 
reproduced music, the listening point being established as near 
as possible to the studio or concert hall so that the observers 
may pass freely between the two. Such freedom of movement is 
possible only during rehearsals, and observers must note the 
tonal quality being produced in the studio at the time, since 
musicians often reserve their fullest efforts for the final per- 
formance. Good sound insulation between studio and listening 
room is important, especially at the extremely low frequencies, 
at which an attenuation of at least 35 dB is essential. 

The quality of reproduction obtained will naturally depend 
on the disposition of the performers and of the microphones in 
the studio—technically known as the ‘balance’ of the trans- 
mission. It is important, however, that defects in the loud- 
speaker should not be unwittingly compensated by an alteration 
in balance; for the purpose of the test, therefore, the instruments 
of the orchestra should be arranged to give an acceptable result 
as heard in the studio, and a single microphone, so placed as to 
avoid over-emphasis of any one instrument, should be used. It 
is true that in certain types of programme more than one micro- 
phone is frequently employed; with dance bands, to take an 
extreme example, a separate microphone may be provided for 
each group of instruments, and by this means effects can be 
produced which are not audible to a listener in the studio. 
Programme material of this type is, however, inadmissible when 
an unambiguous comparison between original and reproduced 
sound has to be made. 

In studios and concert halls having good sound diffusion—a 
condition which can be verified by direct listening—the micro- 
phone placing is not highly critical.2° For a particular orchestral 
layout, however, there is usually a preferred position, and this 
position in itself gives an additional check on loudspeaker 
performance. The better types of loudspeaker, while each 
departing in a different way from the ideal and so giving an 
appreciably different version of the transmitted sound, have in 
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practice so much in common that the best microphone position 
for any one of them is nearly the same. On the other hand, a 
loudspeaker having some peculiarity in response, which, for 
example, throws into prominence one type of orchestral instru- 
ment, may require for best results a different microphone position 
or even a different orchestral layout. 

All that has been said on the subject of optimum microphone 
placing applies equally to the directional characteristics of the 
microphone required to give the best overall effect. Differences 
in performance between high-quality microphones having the 
same nominal directional characteristics are too small to affect 
the order of preference between different loudspeakers. 


(3) DESIGN CONSIDERATIONS 
(3.1) Electrical Equalization 


The loudspeaker designer's task could frequently be eased by 
modifying the frequency characteristics of the preceding ampli- 
fier chain. This expedient, often employed in one form or 
another in the design of radio receivers, introduces some obvious 
instrumental complications when applied to an independent 
loudspeaker, but has important advantages where an excep- 
tionally high and consistent standard of performance is required. 
It may even be practicable to introduce corrective circuits 
between the final amplifier and the loudspeaker proper, due 
regard being paid to the power-handling capacity of the system. 

A notable example of electrical equalization of loudspeaker 
characteristics is furnished by the ‘omnidirectional’ radiating 
system produced by Harz and Késters?! in Germany for broad- 
cast monitoring purposes; in this type of loudspeaker, the 
associated power amplifier is preceded by a separate low-power 
equalization amplifier, incorporating both low- and high-fre- 
quency pre-emphasis circuits, together with as many as six 
other networks designed to correct specific features in the 
frequency characteristics. 

Electrical compensation for low-damped resonances in a 
loudspeaker is impracticable, if only because of the difficulty in 
maintaining long-term stability of the mechanical system. 
Electrical control of general trends in the frequency charac- 
teristics or of the response within a broad band is, however, 
perfectly feasible; it allows adjustments to be made to offset 
production variations in the electro-acoustic transducers or to 
compensate for differences between the acoustic conditions in 
individual listening rooms. 


(3.2) Division of Frequency Range 


In the design of wide-range loudspeakers it is usual either to 
provide a separate unit for the higher end of the audio-frequency 
band or to employ a single unit, equipped with an auxiliary 
diaphragm in the form of a concentric dome or cone driven 
from the common speech coil, to give the same effect. The 
change-over from the low-frequency to the high-frequency 
radiating system should preferably take place at a frequency at 
which the former is not appreciably directional. If this require- 
ment is not met, a state of affairs arises which is represented, in 
simplified form, in Fig. 5. Assume that a low- and a high- 
frequency unit, each having uniform axial response, are mounted 
on a common axis and fed through a cross-over network in such 
a way that the combined axial response (@ = 0) is likewise 
uniform. If, at the cross-over frequency f.., the low-frequency 
radiator is appreciably directional, the frequency characteristics 
at angles @,, 63, etc., will exhibit a depression in the region just 
below f,.. This effect could be largely avoided if the frequency 
range were divided into three bands, using diaphragms of 
progressively smaller diameters; for most purposes, however, 
this solution is uneconomic, not only because of the extra 
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Fig. 5.—Two-unit loudspeaker: effect on overall frequency charac- 
teristics of change in directional properties at cross-over. 
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radiating system, but also because of the additional cross-over 
networks and the extra setting-up adjustments required in 
production. 


(3.3) General Properties of Cone Radiators 
Although cone loudspeakers have been in common use for 
more than 30 years, the amount of systematic research carried 
out on their performance is surprisingly small and their design 
is still, to a large extent, a matter of trial and error. The 


behaviour of the diaphragm is not readily amenable to mathe- 
matical treatment, the difficulty of analysis being aggravated by 


the various departures from the simple conical form which in 
course of time have been empirically introduced. Experimental 
studies are hampered by the high price of the tools required to 
form the diaphragm; it may cost several hundred pounds to 
discover the effect of a minor change in profile. 

The diaphragm of a cone loudspeaker is a complex vibratory 
system capable of motion in various regimes. The quality of 
sound produced by it is not always predictable from the fre- 
quency/response characteristics, even in the region below 1 kc/s 
where these may be relatively smooth. In particular, an objec- 
tionable type of coloration in the lower-middle-frequency range 
seems to be characteristic of a large number of units of less than 
10in cone diameter. The effect is usually associated with the 
presence of low-damped radial modes; however, attempts to 
simulate the subjective result electrically by the introduction of 
single tuned circuits having a comparable decrement have not 
been successful, and it may be that, as in the study of reverbera- 
tion phenomena, a combination of modes is involved. Until 
this difficulty is overcome, it may be necessary in high-quality 
loudspeakers to employ diaphragms having areas much greater 
than those dictated by considerations of power-handling capacity. 


(3.4) Alternative Radiating Systems for High Frequencies 


The most economical form of direct radiator for the upper 
frequency band is undoubtedly a smaller version of the cone 
unit used for the low-frequency range, employing a pulp or 
plastic diaphragm. However, with the relatively small radiating 
area required, other forms of construction become possible. 
Small horn-type units, having coil-driven or ribbon-type dia- 
phragms, have been extensively used; while horn radiators have 
been demonstrated? in which the diaphragm was replaced by a 
modulated high-frequency glow discharge taking place in a 
quartz tube. In recent years, there has been a revival of the 
electrostatic radiator for high frequencies, though not all of 


these units have been in the high-quality class. Finally, a form 
of direct radiator has been developed which is similar in structure 
to the moving-coil elements commonly used in conjunction with 
horns. Fig. 6 shows the construction of a commercial unit of 


Fig. 6.—Example of modern direct-radiator high-frequency unit. 


this type; the diaphragm, of plastic-impregnated fabric, moves 
as a whole at frequencies up to at least 10kc/s. Because of its 
small dimensions the unit is less directional at high frequencies 
than a conventional cone or single horn radiator. 

Other things being equal, the usefulness of a high-frequency 
radiator is limited by the acoustic power which it can produce. 
without distortion or damage, and this usually diminishes 
rapidly with decreasing frequency. Direct radiating units which 
are small enough not to be unduly directional are generally 
suitable only for frequencies above 1-5kc/s, while some are 
unusable below 3kc/s. Moving-coil-driven horn systems offer 
some improvement in this respect and allow a nominal cross-over 
frequency which usually lies between 1 and 2kc/s. 

Attempts have been made to produce a radiating system 
substantially omnidirectional even at high audio frequencies. 
The best-known example of such a design is the loudspeaker of 
Harz and Késters previously referred to.2!_ Here the frequency 
range above 400c/s is radiated by 12 small cone units mounted 
on the-faces of a dodecahedral structure, thus giving an approxi- 
mation to a spherical radiator. Fig. 7 shows an external view 
of the omnidirectional assembly placed a short distance away 
from the associated low-frequency unit, which is mounted, with 
axis vertical, in the top of its enclosure. In a later version”? of 
the loudspeaker the number of high-frequency units has been 
increased to 32. 

The design of such omnidirectional assemblies is hampered 
by the lack of suitable cone units. Few commercial units small 
enough for the purpose have the wide frequency range, smooth 
frequency response and freedom from non-linear distortion 
which experience shows to be necessary in high-quality loud- 
speakers of the conventional type, and there is no evidence that 
the special directional characteristics allow the normal require- 
mers to be relaxed. 

The effect of an omnidirectional loudspeaker can be partly 
simulated by directing the radiation from a conventional unit 
towards a corner of the listening room and relying on the 
scattering of the sound by multiple reflection; the results, 
however, depend so much on local conditions that the method is 
not universally applicable. 
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Fig. 7.—Omnidirectional loudspeaker using 12 high-frequency units. 


(3.5) Factors influencing Low-Frequency Response 
(3.5.1) Enclosure. 


With the exception of the large-area electrostatic loudspeaker 
referred to in Section 5, every direct-radiator loudspeaker 
designed to operate to the lower limit of the audio-frequency 
range includes some kind of baffle or enclosure designed to 
prevent destructive interference by sound radiated from the rear 
of the diaphragm. 

During the past decade, a considerable amount of literature 
on the design of such enclosures has appeared and many 
ingenious devices for reducing the volume required for a given 
performance have been described. Unfortunately, most of the 
publications concerned are largely theoretical or descriptive in 
character and seldom include any results of acoustic response 
measurements to support the claims made. The basic form of 
enclosure employed with wide-range loudspeakers has remained 
unchanged for some 20 years. In some arrangements the space 
at the rear of the diaphragm is completely closed; most designs, 
however, employ the well-known phase-inverting device due to 
Thuras,?4 whereby sound escapes at low frequencies through an 
auxiliary aperture or vent in aiding phase and thus increases the 
low-frequency range of the loudspeaker by half an octave or 
more. The effectiveness of this arrangement depends, however, 
on the relationship between the mechanical impedance presented 
by the cone and the acoustic load imposed on it by the enclosure. 
With enclosures of small volume the requirements can best be 
met when the area of the cone is likewise small; where it is 
necessary, for the reasons indicated in Section 3.3, to employ 
large cones in conjunction with small enclosures, the introduc- 
tion of a vent may be useless or even detrimental to performance. 
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Except in very large enclosures, there is no difficulty in making 
the walls stiff enough to prevent any appreciable transmission of 
sound at frequencies below 100c/s. At higher frequencies, a 
certain minimum mass of material per unit wall area is required 
to give adequate attenuation; further increasing the mass by 
increasing wall thickness, however, does not give a proportionate 
advantage unless the material exhibits sufficient internal damping 
at the various resonance frequencies. 

A useful comparative test of materials can be carried out by 
constructing experimental enclosures without the normal sound 
outlets, setting up sound pressures by an internal sound source— 
a heavy-duty ‘pressure’ unit of the kind employed to operate 
cinema-type horn loudspeakers is suitable—and measuring, as a 
function of frequency, the pressures produced at some external 
point. Fig. 8 shows curves obtained by this method, the current 
in the speech coil of the pressure unit being the same in each 
case. Curve (a) relates to a bare enclosure constructed of gin 
plywood, and curve (5) to the same enclosure after the addition 
of an internal layer of 3 in soft building board firmly bonded to 
the wood. The increase in mass produced by the addition of 
the building board is only about 11% and the principal reason 
for the reduced sound transmission is the increased damping of 
the flexural modes. Measurements of this kind, while purely 
empirical in character, can lead not only to improved per- 
formance of the loudspeaker as a whole, but to appreciable 
saving in weight, an important factor in transportable equipment. 


(3.5.2) Electro-Mechanical Efficiency. 


The electro-mechanical efficiency of most early moving-coil 
loudspeakers was relatively low and the motional impedance 
was often negligible. This position has been greatly changed in 
recent years, largely by the introduction of improved magnetic 
materials. The high electro-mechanical efficiency obtained with 
many modern units presents, however, another design problem, 
for the motional impedance at low frequencies rises to high 
values and may reduce the current entering the speech coil 
below the value required for uniform frequency response; the 
effect is most marked when the loudspeaker is fed from an ampli- 
fier of low output impedance. At frequencies for which the 
motional impedance is high, any increase in flux density beyond 
a certain point will actually reduce the motion of the speech 
coil and hence the acoustic response of the system, the increase 
in electro-mechanical efficiency being more than offset by the 
reduction in power transfer from amplifier to loudspeaker. 
The situation can be eased by the use of a vented enclosure 
designed to present an appropriate acoustic impedance to the 
diaphragm. However, if the volume of the enclosure is 
restricted, the loading may be effective only over a narrow band. 

One solution to this problem is to apply to the signal entering 
the associated amplifier such low-frequency pre-emphasis as will 
produce the desired overall frequency response. To obtain the 
maximum undistorted power output from the amplifier/loud- 
speaker combination, the amplifier must then be designed for 
a load intermediate between the low-frequency and mid-band 
impedance of the loudspeaker. Alternatively, it may be possible 
to obtain a better overall result at comparable total cost by 
reducing the flux density of the loudspeaker field and increasing 
the amplifier power. 

The use of loudspeaker units having high electro-mechanical 
efficiency has been advocated on account of the heavy damping 
of the mechanical system at low frequencies which results when 
the electrical terminals are connected to a circuit of low resis- 
tance; to increase the damping even further, amplifiers with a 
negative output resistance have been employed to nullify part of 
the speech-coil resistance. It is often suggested that the damping 
of the fundamental resonance ought to be as high as possible 
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Fig. 8.—Level of sound transmitted through walls of plywood loudspeaker enclosure. 


(a) Bare. 


and certainly above the critical value, which corresponds to a 
Q-factor of 0-5. The necessity for such a high degree of 
damping does not appear to have been demonstrated by sub- 
jective investigation, and is all the more difficult to appreciate 
when it is considered that the associated enclosure, if vented, 


will have a low-frequency resonance of its own with a Q-factor 
of 3 or more. 


(4) EXAMPLES OF CURRENT DESIGN 
(4.1) General 


To illustrate some of the points discussed in Sections 2 and 3, 
two types of monitoring loudspeaker recently developed by the 
B.B.C. will now be briefly described. One of these, referred to 
as loudspeaker A, is designed to meet the requirements for 
studio monitoring; the other loudspeaker, B, forms part of the 
portable equipment designed for use on outside broadcasts. 
Both employ similar high- and low-frequency units, so that a 
comparison of their performance enables the influence of other 
factors to be studied. 


(4.2) Construction of Loudspeaker A 


Fig. 9 shows the construction of loudspeaker A; the enclosure 
is of }in veneered chipboard, reinforced by metal struts to 
restrict the vibration of the rear panel. The internal volume of 
the enclosure is 4-7 ft?; a small vent resonating with the volume 
at about 50c/s gives a slight increase in low-frequency output. 

The low-frequency unit used is a 15in commercial type which 
has an axial frequency range extending to about 4 kc/s, and which 
has been found to be relatively free from the coloration effect 
referred to in Section 3.3. Fig. 10 shows the constant-voltage 
frequency characteristics of the I.f. unit alone taken on the axis 
and at 45° to the axis in the horizontal plane. The curves of 
Fig. 10(a) relate to an enclosure similar to that of Fig. 9 but 
having a circular opening 124in in diameter; above 500c/s the 
system is appreciably directional. By restricting the sound 


(6) With damping introduced by lining of building board. 
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Fig. 9.—Loudspeaker A: structural details. 


outlet to a vertical slot—a device due to Chapman and Trier2>— 
the axial response at the upper end of the range is slightly lowered 
and the response at oblique angles in the horizontal plane is 
raised, as shown in Fig. 10(5), thus helping to redress the balance. 
The optimum slot width—in this case 74 in—depends upon the 
geometry of the cone but is not critical. 

Commercial high-frequency units of the type shown in Fig. 6 
are used, two of them to increase the power-handling capacity 
of the system. Low- and high-frequency units are mounted in 
a vertical line as shown in Fig. 9; under normal listening 
conditions the separation between sound sources is not noticeable 
to observers listening at distances over 4 ft. 

Both high- and low-frequency units have been tested with 
interrupted-tone input in the manner described in Section 2.5.2 
and found to be free from any prominent low-damped resonances. 
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Fig. 10.—Constant-voltage response of 15in low-frequency unit, 
measured on axis and at 45° in horizontal plane. 


(a) With 124 in diameter baffle aperture. 
6 With 74 in wide vertical slot aperture. 


The sound pressures produced on the axis by these units are 
made equal at 1°45kc/s, though this is not the frequency at 
which equal power inputs are supplied to the two. In designing 
the cross-over network, the form of which is shown in Fig. 11, 
account had to be taken of the motional impedance of the h.f. 
unit at the lower end of its range. It was found that the require- 
ments could most easily be met by parallel-connected 
high- and low-pass filters working independently of 


AMPLIFIER 
OUTPUT 


o— 


Fig. 11.—Loudspeaker A: circuit of cross-over network. 


in the cross-over region. Provision for adjusting the shape of 
the frequency characteristics above 3kc/s and below 150c/s is 
made in an electrical network introduced into the circuit ahead 
of the associated power amplifier. 


(4.3) Construction of Loudspeaker B 

Loudspeaker B, shown in Fig. 12, is an adaptation of the 
basic design of loudspeaker A and employs similar low- and 
high-frequency units; it illustrates some of the compromises 
which may be necessary in special cases. 

Because of the restrictions placed on the size and weight of 
portable equipment, the internal volume of the enclosure used 
for loudspeaker B is only 2-8ft?; with a 15in cone unit the 
performance of the loudspeaker at low frequencies is better 
without a vent. Because of the reduced dimensions of the 
enclosure, a slightly lighter wall construction than with loud- 
speaker A is permissible, and the combination of ¢in plywood 
lined with an equal thickness of soft building board (see Sec- 
tion 3.5.1) is used. Electrical equalization is again employed to 
control the axial frequency characteristics, but in this instance all 
the networks involved are introduced after the associated ampli- 
fier and form part of the loudspeaker. In spite of the loss of 


one another; with modern low-output-impedance 
amplifiers, interaction between the two filters is negli- 
gible and a constant-resistance cross-over network is 
unnecessary. On grounds of economy, inductors 
wound on laminated gapped nickel-iron cores are 
used instead of the usual air-cored coils; by designing 
for low flux density, intermodulation effects arising in 
the iron core are made smaller than those produced 
by the loudspeaker units themselves. The combined 
choke and auto-transformer T, is tapped to allow 
initial adjustment of the signal level applied to the 
h.f. units; to avoid any change of frequency character- 
istic with tap adjustment, alternative capacitors C,, C, 
and €; are provided. 


The resistor R,, shunted by the inductor L,, is 
introduced in series with the speech coil of the Lf. 
unit to correct, at the cost of a certain amount 
of mid-band loss, for the positive slope in the axial 
frequency response which would otherwise occur between 
100c/s and 1kc/s; this feature of the characteristic repre- 
sents the combined effects of loss at low frequencies due to 
motional impedance and gain at high frequencies due to increased 
directivity. The rejector circuit L;C, is employed to reduce the 
output of the low-frequency unit in the 2-2kc/s region, thereby 
avoiding some interference effects which would otherwise appear 


Fig. 12.—Loudspeaker B: internal and external views. 


efficiency thus occasioned, adequate sound level can be produced 
by the use of a power amplifier rated at 15 watts output. 

At outside broadcasts the space available for technical equip- 
ment is often very limited and the listener may be very close to 
the loudspeaker; it is therefore essential that the low- and high- 
frequency radiating systems should be as nearly as possible 
coaxial. The two h.f. units of loudspeaker B are accordingly 
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Fig. 13.—Effect of poanting on axial response of a pair of 


igh-frequency units. 


with slot 7iin x 10in. 
3, As (c) but with perforated baffle plate. 


mounted within the cone of the 1.f. unit, on a partially perforated 
metal plate. This plate (see Fig. 12) acts as a baffle in the upper 
part of the range while offering little obstruction to sound from 
the 1.f. unit. The advantage of providing some form of baffle 
for the h.f. units is evident from Fig. 13; the curves show the 
frequency response obtained on the axis mid-way between the 
two units mounted (a) in free space, (6) in a large baffle, (c) in 
the 74in x 10in opening in front of the cone, and (d) as in (c) 
but with the perforated plate. It should be noted that these 
curves include the effect of the internal cross-over and corrective 
networks. 


(4.4) Frequency Characteristics of Loudspeakers A and B 


Fig. 14 shows the overall frequency response of loudspeaker A 
with its associated amplifier, measured at various angles in the 
horizontal and vertical planes and for two different settings of 
the Lf. response adjustment. At frequencies above 150c/s 
measurements were made with the loudspeaker in a non- 
reverberant room having a working space 15ft x 10ft 8in 
xX 7ft 4in high; the response at lower frequencies was obtained 
in the open air with the loudspeaker mounted on a tower 55 ft 
high. The mean spherical response and the directivity index, 
both measured in half-octave bands, are also given. As an 
illustration of the observations made in Section 2.4.3, it may be 
noted that, at the listening levels usual in studio monitoring 
practice,”® the I.f. response of curve (i) is sometimes regarded as 
insufficient, while in certain rooms that of curve (ii) is not found 
excessive, 
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Fig. 14.—Loudspeaker A characteristics. 


(a) and (6) Frequency characteristics in horizontal and vertical planes. 
(c) Mean spherical frequency response. 
(d) Directivity index. 


Fig. 15 shows the frequency/response curves of loudspeaker B, 
together with the mean spherical response and directivity, again 
averaged over half-octave bands. 

The differences between the directional properties shown in 
Figs. 14 and 15 are mainly attributable to the difference in 
geometry of the two systems and in particular to the form of 
the sound outlet for the 1.f. unit of loudspeaker B. It should 
be noted in comparing the curves that for measurement purposes 
loudspeaker A has been assigned an arbitrary axis passing 
between the low- and high-frequency systems. 

Figs. 14 and 15 illustrate the difficulty of describing the various 
attributes of a loudspeaker without either emphasizing irrelevant 
detail or losing important information through over-simplifica- 
tion. For example, the disposition of the h.f. units in loud- 
speaker B allows the observer to listen at close range without 
becoming aware of more than one sound source; there is, how- 
ever, little in the curves to suggest that loudspeaker A is different 
in this respect. Again, the difference in directional properties 
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Fig. 15.—Loudspeaker B characteristics. 
(a) and (6) Frequency characteristics in horizontal and vertical planés. 


(c) Mean spherical frequency response. 
(d) Directivity index. 


of the two loudspeakers, as shown by the spacing of the response 
curves taken at various angles, is not apparent in the directivity 
or mean spherical response characteristics, and it would clearly 
have been misleading to take the latter as the sole criterion of 
frequency response. 

Although the results of the change in directional properties of 
the loudspeaker at cross-over are not in either case serious, the 
effects referred to in Section 3.2 are present to some extent in 
both A and B. The change of régime at cross-over is accom- 
panied by a change in the slope of curves (d) of Figs. 14 and 15; 
for reasons partly connected with the action of the perforated 
baffle plate, the effective cross-over frequency in loudspeaker B 
is somewhat higher than in loudspeaker A, the axial sound 
pressures produced by the high- and low-frequency units being 
equal at 1-6kc/s. 

The data on harmonics and intermodulation distortion, given 
as examples in Section 2.6.2, Figs. 4 and 5, relate to loudspeaker 
B. The difference at low frequencies between the shape of the 
frequency/response curve for the fundamental and that shown in 
Fig. 15 arises mainly from residual reflections from the walls of 


the non-reverberant room in which the distortion measurements 
were carried out; the separation between fundamental and 
harmonics below 100c/s is, in fact, somewhat greater than that 
indicated. 

(5) FUTURE TRENDS IN DESIGN 


Apart from any radical change in the operating principles of 
loudspeakers, many of the refinements introduced during the 


‘next few years are likely to be concerned with directional 


properties. 

Because of the pleasantly ‘spacious’ subjective effects to be 
obtained by wide-angle distribution of sound, commercial 
receivers incorporating two or more supplementary loudspeaker 
units mounted in different faces of the enclosure?’ have recently 
been produced. This practice, were it to become widespread, 
might lead the users of monitoring loudspeakers to call for a 
corresponding refinement, though it is not suggested that an 
ornnidirectional system such as that referred to in Section’ 3.4 
should necessarily be adopted. 

While the potential applications of stereophonic transmission 
to broadcasting are limited, the development of stereophonic 
recording is proceeding rapidly and will probably create a 
demand for monitoring loudspeakers having special polar 
characteristics. Some workers”® in this field have advocated the 
use of directional loudspeakers to reduce the variation in the 
position of the apparent sound source with the position of the 
observers. However, since the required directional charac- 
teristics cannot be maintained throughout the audio-frequency 
range, other designers”? prefer to aim at a uniform response over 
the widest possible angle in the horizontal plane. 

Perhaps the most notable development in recent years is the 
design of electrostatic loudspeakers covering the complete audio- 
frequency range,*° instead of being confined, as hitherto, to the 
region above Ikc/s. Loudspeakers of this type have been 
produced during the last few years but have only recently become 
generally available in this country; little detailed information has 
so far been published on their construction and performance. 
The two principal factors which have stimulated their develop- 
ment are the production of plastics suitable for the manufacture 
of diaphragms having a sufficiently low mass and stiffness, and 
the realization of the fact, demonstrated by Hunt?! in America, 
that the non-linear distortion can be greatly reduced by keeping 
the polarizing charge, as distinct from the polarizing voltage, 
constant. 

To produce the required sound level without exceeding the 
linear limits of the electrostatic system, diaphragms of large 
area have to be employed. In order to avoid unwanted direc- 
tional effects, the radiating surface may be subdivided so that 
only a small portion is operative at high frequencies; even so, 
the directional pattern at the upper end of the audio-frequency 
range may be narrower, at least in one plane, than that of some 
conventional loudspeakers. 

Probably the most striking feature of the full-range electro- 
static loudspeaker is that the usual enclosure may be dispensed 
with and sound from both surfaces of the diaphragm allowed to 
radiate into the room;.the resulting loss in output at low fre- 
quencies through back-to-front interference can be corrected by 
an internal network. At low frequencies, where the wavelength 
is large compared with the dimensions of the diaphragm, the unit 
may be regarded as a doublet source. The directional charac- 
teristic is then of figure-of-eight form, and the proportion of 
reverberant to direct sound received by the listener will therefore 
be less than with a conventional loudspeaker; there is, however, 
insufficient evidence to show whether this characteristic of the 
system is conducive to realism in reproduction. 

Fig. 16 shows an external view of a commercial full-range 
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Fig. 16.—Full-range electrostatic loudspeaker. 


electrostatic loudspeaker; the unit incorporates a rectifier for 
providing the polarizing voltage and a matching transformer 
to enable the loudspeaker to operate from a low-impedance 
circuit. Whatever the merits or shortcomings of these loud- 
speakers as a class, it seems likely that their cost may eventually 
be below that of a moving-coil loudspeaker system of com- 
parable performance. 


(6) CONCLUSIONS 

In the paper an attempt has been made to bring together, 
on the one hand, the essentials of the art as they appear in the 
literature on design and measured performance, and on the 
other, the accumulated experience, mostly unpublished, of those 
users of loudspeakers who are in a position to compare the 
original and reproduced sound. 

It will be seen that one of the greatest single obstacles to 
further progress is the difficulty of formulating in sufficient 
detail the requirements to be met. The characteristics of the 
ideal loudspeaker, often regarded as self-evident, are found on 
closer examination to be indefinable in objective terms. How- 
ever, as long as the user remains consistent in his demands, 

seems no reason why subjective studies should not ulti- 
mately yield a set of workable criteria for the guidance of 
designers. 
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DISCUSSION BEFORE THE RADIO AND TELECOMMUNICATION SECTION, 23RD APRIL, 1958 


Dr. G. F. Dutton: The loudspeaker is the last in a varied collec- 
tion of components in the chain connecting the original sound 
with the reproduced sound in the studio or listening room. 
Consequently it has to bear the blame for most shortcomings of 
the system. The more one improves the performance of the 
loudspeaker with regard to the frequency range the more critical 
will be the conditions for showing up high-frequency buzzes, 
clicks, etc.; and they are all blamed on to the loudspeaker. It 
is necessary to convince people that these noises are not in the 
loudspeaker but are in their various components. The only dis- 
tortion that I have not heard blamed on the loudspeaker is 
‘wow’ and ‘flutter’. 

I do not agree entirely with the statement in the Summary 
that the purpose of the broadcasting or recording engineers is 
to give an approximate approach to a realistic reproduction. It 
depends on what the sounds are intended to be and what is 
meant by ‘realistic’. The microphone is often placed very close 
to the instruments to be recorded, in a position much closer than 
could be normally assumed by a member of the audience, and 
perhaps closer than a normal person would tolerate. On the 
other hand, the broadcasting people might prefer to use micro- 
phones further away and even over the top of the orchestra— 
again these are positions not normally assumed by the audience. 
Therefore, the interpretation of a realistic sound is somewhat 
difficult. 

In the gramophone recording industry we have had this 
problem of loudspeaker design for monitors for some time. We 
have been trying to decide whether the characteristics for the 
standard monitoring loudspeaker should represent the average 
commercial loudspeaker or should have some ideal smooth 
characteristic, such as that indicated by the author. We have 
come to the conclusion that a smooth characteristic up to 12 or 
IS5kc/s on the-axis-of a reasonably good spherical radiation 
characteristic is the one to aim for. No particular fashion has 
been set for having a high rise in the region of 3 or 4kc/s, which 
is very common to most loudspeakers of the lower price range. 
This is, perhaps, hard to fight in practice because the brighter 
loudspeakers with the rise at about 3 or 4kc/s usually play 
popular recordings very nicely, while the more extended and 
flattering frequency characteristic tends to show up any distortion 
in the brass section, and you have to be very careful to judge 
whether this is real or originates in the system. 

I agree with the author that wide-band noise tests can be very 
useful in quickly assessing the difference between two loud- 
speakers, and we use these tests for comparing the test monitor- 
ing loudspeaker with the standard that we have set ourselves. 
Very small differences in characteristic can easily be detected by 
this test. 

In Section 3 there is a reference to equalization. I agree that 
equalization in the loudspeaker amplifier is essential in order to 
cover adequately a large frequency range, and I consider that 
this compensation can only be made if the resonances to be 
corrected are not too sharp. If they are too sharp, of course, 
the reliability of the compensation is in doubt. 


After a great deal of impartial listening, I have come to the 
conclusion that direct-radiator cone loudspeakers are preferable 
to the horn-driven types. The reason for this is not quite clear. 
It is probably due to a number of small reasons rather than one 
particular one. For instance, directivity is probably very 
important. 

The author refers to the coloration that can occur owing to 
the break-up of the cone into radial modes. I think we have 
overcome that trouble by using elliptically-shaped cones. 

The monitoring loudspeaker that we have designed and are 
using in our studios has a cabinet 4 ft high, and the rear baffle for 
the low-frequency unit is totally enclosed with a volume of 
3} ft?. The high-frequency unit is exactly similar to the one 
described by the author. It is fitted directly above the cone 
loudspeaker, and is completely enclosed so that no inter-modula- 
tion can exist between the low- and high-frequency units. The 
power amplifier is placed in the lower compartment. There are 
three correcting networks applied to the unit. The bass correc- 
tion starts at about 800c/s and rises to 40c/s and is of the order 
of 6dB at 40c/s. The high-frequency correction occurs at about 
7kc/s, and there is a rise at about 11 ke/s. 

The elliptical unit is placed with the long axis vertical in order 
to improve the radiation pattern in the horizontal plane. That 
unit, with its corrective network, can be within +14dB from 
40c/s to 12ke/s. 

An important point that should be discussed in relation to 
monitoring loudspeakers is the replay level. Most engineers and 
‘hi-fi’ enthusiasts seem to play loudspeakers at a level much 
higher than they should be played, or at least higher than the 
average person for whom the records are made or for whom 
broadcasts are intended would play them. But the whole balance 
can be misjudged by playing at too high a level. Whether or not 
the level should be as high as the original sound is questionable, 
but the full effect of an orchestra on the fortes cannot be obtained 
unless the level is up to its full original value. 

Mr. G. A. Briggs: I agree with the author about the doublet 
effect with the full-range electrostatic loudspeaker. We have 
had some experience with a moving-coil doublet system. It is 
perfectly true that a doublet excites less room resonance than a 
direct radiator, but this makes it more selective, and the per- 
formance is therefore very much affected by its position in the 
room. The doublet effect can be reduced by placing one edge 
of the loudspeaker against a wall, or by putting the loudspeaker 
itself near a corner. It is essential to try various locations in 
any room, and this latitude seems to make the doublet a popular 
proposition, whether with a moving-coil or an electrostatic 
loudspeaker. 

With regard to magnets and damping factors, the author very 
wisely draws attention to the loss of bass response with high-flux- 
density magnet systems driven by amplifiers with very low output 
resistance, and suggests as a possible solution the use of smaller 
magnets and larger amplifiers. I do not agree with this idea for 
domestic use. A high-flux-density loudspeaker sounds brighter 
and cleaner than a low-flux-density model. 
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I submit that the root of the trouble lies in our absurd obsession 
with high damping factors and constant voltages. Tests show 
that a damping factor of 15 produces a drop in output of about 
3 dB at 40c/s in a 10in loudspeaker with a 10-kilogauss magnet; 
but the drop is 10dB with a 14-kilogauss magnet. Why should 
a resistance of 1 ohm be connected in parallel with a high-quality 
15-ohm loudspeaker? Why do we not have amplifiers with 
variable damping factor, using a mixture of voltage and current 
feedback as produced in America? A preset control could be 
adjusted to suit the loudspeaker and the room. 

Mr. P. J. Walker: A number of attempts have been made in 
the past to lay down a series of objective tests for loudspeakers 
which will be meaningful in comparing performance. Their 
interpretation is based solely on past experience of comparing 
objective tests with subjective assessment. 

It seems relevant to point out that interpretation experience 
gained on one type of transducer may give misleading results 
when applied to an entirely different type of transducer. 

It is now possible to make electrostatic loudspeakers with low 
mechanical impedance as opposed to the high mechanical 
impedance of the moving coil. The change from free field 
conditions to room conditions will differ in the two cases. 

The importance of local response irregularities is dependent 
upon whether these are due to interference or resonance effects. 
Here again, a change of transducer type profoundly alters the 
relationship between the two causes. Similar remarks apply to 
the shape of distortion curves and some other physical properties. 

The confidence with which we can compare overall perfor- 
mance from objective tests varies directly with the physical 
similarity of the loudspeakers to be compared. 

Mr. F. H. Brittain: I entirely agree with Dr. Dutton that the 
axial response curve should be as flat as possible, and certainly 
not worse than 5dB down at a frequency of 10kc/s and 30° off 
axis. In my opinion it is never permissible to maintain a good 
mean spherical response by having a rising response on the 
listening axis. It does not occur in nature and will not be 
tolerated. 

When examining a frequency-response curve, it must be 
remembered that shape plays a great part in the appeal to the 
eye. Shape is best obliterated by taking the mean output over a 
number of bands of frequencies. 

The author suggests that male speech is useful for listening 
tests, but female speech should also be included because it 
utilizes different frequencies. In both cases it must be ensured 


that pressure-gradient microphones are not used nearer than 6ft 
to the person speaking. 

With regard to Section 3, it often happens that a high- 
frequency unit is used in conjunction with a ‘cross-over’ net- 
work which effectively disconnects it from the amplifier. In 
these circumstances, the diaphragm of the h.f. unit is probably 
undamped at its main resonance and may develop excessive 
movement from the local sound pressure falling on it, or because 
it is partially driven electrically. It is then desirable to provide 
some damping in the form of a series-tuned circuit connected 
across the h.f. unit. 

Mr. J. K. Webb: The author mentions the full-range electro- 
static loudspeaker, a commercial model of which has recently 
become available. I heard this demonstrated recently in direct 
comparison with a well-known make of large corner horn 
assembly and did not find that it bore much relation to what I 
had come to regard as ‘hi-fi’, whereas the corner horn did. One 
of my acquaintances, shocked at my verdict, has since persuaded 
me to read the maker’s accompanying pamphlet from which it 
appears that my judgment is coloured by the fact that I am not 
musical! While this is reminiscent of the fairy story about the 
emperor's clothes, it does illustrate the difficulty in assessing 
performance criteria which are found, as the author says, to be 
indefinable in objective terms. It would seem, however, that 
users are now to be persuaded to change their demands and 
adopt different criteria than heretofore. How, then, does the 
author suggest that designers should seek guidance? 

Mr. P. P. Eckersley: In connection with the demonstration 
did the author assume a ‘perfect’ microphone? It is often the 
case that, when designing a microphone, the designer judges it 
by a. ‘perfect’ loudspeaker, and when another is designing a 
loudspeaker he judges it by a ‘perfect’ microphone. In the case 
of the demonstration, what was the ‘perfect’ microphone, what 
was the ‘perfect’ recording system and what was the ‘perfect’ 
amplifier? I have been told that to do real justice to ‘hi-fi’ 
loudspeakers the amplifier ought to have a flat response up to 
about 100kc/s, otherwise there will be transient distortion. Is 
this idea viable? Was such an amplifier used in connection 
with the demonstration? 

On the question of measurement, is the microphone assumed 
to be ‘perfect’? Since the microphone must have a finite size, 
will it not set up standing waves between the loudspeaker and 
itself, thus vitiating the results, or is some method used to vary 
the distance while integrating the energy ? 


THE AUTHOR’S REPLY TO THE ABOVE DISCUSSION 


Mr. D. E. L. Shorter (in reply): Dr. Dutton’s difficulty in 
accepting ‘realism’ as an ideal is understandable in view of the 
varying interpretations placed on that much overworked word. 
Realism, as an attribute of a sound-reproducing system, has too 
often come to be associated with the unpleasant sounds which 
result when the design of the loudspeaker is based on over- 
simplified ideas of technical correctness; as used in the paper, 
however, the term refers solely to the extent to which a listener 
could imagine himself to be in the presence of the performer, 
irrespective of the means by which the illusion is produced. It 
is true that microphones are often located in positions which 
would not be acceptable for direct listening. This placing does 
not necessarily represent a departure from realism; it is an artifice 
employed, in the interests of realism, to compensate for unavoid- 
able shortcomings of the system—in particular for the deficiencies 
inherent in a monaural transmission. There are certainly cases 
in which the compensation process has been carried further in 
an attempt to improve on nature; however, I do not think that 


arbitrary factors introduced in this way ought to be regarded as 
permanent features of the transmission system. 

In reply to Mr. Webb, it seems reasonable that the designer of 
monitoring loudspeakers should be guided by the judgment of 
those individuals who are best qualified by experience to assess 
the degree of realism achieved. It so happens that most of these 
individuals belong to the category which could be described as 
musical; I would not, however, suggest that musical knowledge 
is in itself necessary to enable an observer to judge the degree to 
which a reproduced sound resembles the original. 

Mr. Briggs’s proposed method of electrical equalization by 
varying the output impedance of the loudspeaker amplifier is less 
flexible in its application than the use of corrective networks 
earlier in the chain, and does not overcome the difficulty of 
transferring power at low frequencies to a load impedance far 
in excess of the optimum value. Whichever procedure is 
adopted, however, there is a strong case for treating the amplifier 
for design purposes as part of the loudspeaker. 

(Continued on Page 54) 
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Performance of Enclosures for Low Resonance 
High Compliance Loudspeakers” 


James F. Novaxt 
Jensen Manufacturing Company, Chicago 38, Illinois 


A generalized theory on the design and performance of vented loudspeaker enclosures, including 
the special case of the pressure-tight closed box, is presented. It is experimentally shown that 
excellent response, high output, and low distortion can be realized to very low frequencies. 

A method is described for the design of small enclosures utilizing super-low resonance, high- 
compliance loudspeakers. 

Inherent interrelationships of the speaker-amplifier system Q, efficiency, and response balance 
are shown, with application to commercial design. 


INTRODUCTION 


E SUBJECT OF enclosure design for direct-radiator 
loudspeakers has received much attention in recent years. 
There is no other subject so controversial, perhaps as a re- 
sult of a general lack of understanding of the basic prin- 
ciples of operation of enclosures. The current trend is 
toward smaller enclosures, lower speaker resonances and 
better performance claims. Trade journals tell of “all new 
enclosures,” “revolutionary concepts” and “totally new 
principles of acoustics” when in reality there is a close iden- 
tity with enclosure systems described long ago in well-known 
classics on acoustics. Actually there has been no basically 
new type of enclosure developed in this decade, although 
much worthwhile effort has been devoted to refinement and 
improvement of existing basic types. 

The objectives of this paper are to select one of the cur- 
rently popular enclosures, analyze its low frequency be- 
havior, discuss its limitations and find a means of improving 
its performance. 

The pressure-tight closed box using a high compliance, 
low frequency speaker was selected for two reasons: (1) the 
design is based on sound engineering principles, and (2) the 
ever increasing popularity of this enclosure may alone have 
justified the expenditure of the time. 


THE PRESSURE-TIGHT CLOSED BOX 


In order to proceed intelligently, it is necessary to define 
certain design criteria for low frequency reproduction. A 


* Received December 29, 1958. Delivered before the Tenth Annual 
Convention of the Audio Engineering Society, New York, October 3, 
1958. 


t Senior Design Engineer 


slight problem arises here because all loudspeaker and en- 
closure designs must at the final stages of development be 
based on subjective judgments by people as to what con- 
stitutes “good quality.” Because of this, it is not possible 
to be too specific in defining the design criteria. A reason- 
able amount of research into this problem disclosed that 
most listeners preferred a flat response to frequencies as low 
as about 40 cps. They also preferred speaker systems with 
low harmonic distortion and little or no transient distortion. 
Low efficiency speaker systems were generally frowned upon 
because in most cases this meant forced obsolescence of 
existing amplifiers. 

It will be shown later that it will be necessary to sacrifice 
overall efficiency in order to extend the low frequency re- 
sponse. It now remains to determine the maximum allow- 
able efficiency loss. That a maximum limit on efficiency loss 
must be established becomes apparent when one considers: 

1) the amplifier economics; 

2) the necessity for adequate reserve power to handle 

peaks without overload; 

3) the deterioration of amplifier characteristics with time. 
This last factor is tied in closely with the second. 

Observations have shown that VU meter readings of one 
watt or so are about as high as reached in normal home 
listening. It should be possible, therefore, to justify a loss 
of 4 to 5 db of efficiency before noticing distortion on peaks 
from a good 10 to 12 watt amplifier. A loss of 10 db would 
be too excessive for a 10 to 12 watt amplifier as there would 
then be no reserve to handle peaks. 

From the evidence just stated it is possible to set up the 
design criteria. 

1) The response must be flat to as low a frequency as 

possible. 
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airgap flux density, webers/meter* 

voice coil conductor length, meters 

amplifier open cireuit voltage, volts 

amplifier internal resistance, ohms 

voice coil resistance, ohms 

mechanical resistance of suspension, mks mechanical ohms 
diaphragm and voice coil mass, kilograms 

total air load mass, kilograms 

total mechanical compliance of the suspension, meters/new- 
ton 

total mechanical compliance of the enclosure volume, me- 
ters/newton 

= 2nrfo, resonant frequency in radians/second 
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Fic. 1. Mechanical equivalent cireuit for the closed-box speaker 
system. 


2) The total harmonic distortion must be as low as possi- 

ble. 

3) There must be no transient hangover. 

4) The efficiency must be great enough to permit the use 

of a 10 to 12 watt amplifier. 

The first design criterion, the extension of response to as 
low a frequency as possible, ordinarily would mean that the 
value of enclosure compliance would be made as large as 
possible so that the suspension compliance determined the 
resonant frequency. Because the small box precludes this 
approach, the speaker compliance is made as large as prac- 
ticable. The enclosure compliance then determines the reso- 
nant frequency. Although it is not possible to obtain a 
resonant frequency much lower than about 65 cps in this 
manner, the distortion characteristics are somewhat im- 
proved as a result of the good linearity of the enclosure 
compliance. 

The resonant frequency can be lowered an additional 10 
to 15 per cent by completely filling the box with loosely 
packed fiberglass, kapok or cellufoam.' The resonant fre- 
quency decreases because the compressions become iso- 
thermal. This means that the velocity of sound decreases 
from about 344 m/sec to 291 m/sec. A 1 to 2 db loss in 
efficiency results, however, because the resistive component 
of box impedance is increased. 

The mechanical equivalent circuit, Fig. 1, and equations 
of motion of the closed-box speaker system are well known. 
The steady-state solution yields the equation describing 
amplitude which when multiplied by the angular frequency 
and effective speaker area becomes the equation for volume 


1L. L. Beranek, Acoustics, (McGraw-Hill Book Co., New York, 
1954), p. 220. 


velocity. Once volume velocity is known, it is a simple 
matter to obtain the sound pressure output. 

The plot of amplitude vs frequency, Fig. 2, reveals that 
the amplitude increases many times in the region of reso- 
nance and below when Q becomes greater than 0.5. 

Suspension non-linearities play an important part in de- 
termining the amount of total harmonic distortion at large 
amplitudes even though the box compliance supplies the 
major part of the restoring force. The result of a non- 
linear suspension is the production of odd-order harmonics 
with the third harmonic being predominant. Because the 
amplitude of a direct radiator speaker is inversely propor- 
tional to frequency squared below the region of ultimate 
radiation resistance, greatest distortion will occur at the 
low frequencies”. 

- Figure 3 is a plot of the sound pressure response of a 
closed box speaker system. Note that a Q of 0.5 corre- 
sponding to critical damping and best transient response 
does not give the flattest output down to the lowest fre- 
quency possible. For flat response, Q should approximately 
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Fic. 2. Amplitude vs frequeney response of the closed-box. 


2H. F. Olson, Acoustical Engineering (D. Van Nostrand Co., Inc., 
Princeton, 1957), p. 186. 
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RELATIVE SOUND PRESSURE LEVEL~ db 


Fic. 3. Sound pressure response of the closed-box. 


equal unity. This conflicts with the first and third design 
criteria. 

The only factor determining the transient response and 
low frequency performance is the amount of damping. The 
damping can be changed by proper choice of amplifier 
damping factor or by adjustment of the flux density in the 
magnetic circuit. The popular belief that a large value of 
air stiffness in a small closed box increases speaker damping 
is erroneous. Damping is a function of resistances in the 
system. 

The factor exerting the greatest influence on Q (damping) 
and low frequency output is the product of magnetic field 
strength and voice coil conductor length commonly known 
as the B/ product. Decreasing the B/ product will actually 
increase efficiency in the region of resonance but an effi- 
ciency loss results at frequencies above resonance. It now 
becomes apparent that the pressure-tight closed box cannot 
fulfill adequately all four design criteria. It will be neces- 
sary to compromise transient response and overall efficiency 
because increases in Q are usually achieved by an increase 
in moving system mass, a decrease in B/ product, or both. 


THE VENTED ENCLOSURE 


A review of other known speaker enclosures suggested 
that the vented enclosure when used with a high compliance 
speaker could produce a sound pressure response at least as 
good as that of the completely closed box and with certain 
advantages. 

A search of the literature pertaining to vented enclosure 
design revealed that although equivalent circuits and equa- 
tions for calculating Helmholtz resonance and location of 


the three critical frequencies were thoroughly developed, 
apparently no method has been published for calculating 
the response shape. Beranek describes a method for ob- 
taining the relative sound pressure level at the three critical 
frequencies.* But the critical frequencies become widely 
separated when the box is small, and because the speaker 
system operates as a simple doublet at the lowest critical 
frequency, it is no longer possible to describe adequately 
the response shape because useful output occurs at only 
two of the three points: the middle and upper critical fre- 
quencies. 

The mechanical equivalent circuit of the vented enclosure, 
Fig. 4, can be solved with the methods used for the closed 
box case. An exact solution becomes extremely complex 
because of the mutual coupling between the speaker and 
vent and the presence of resistance in both meshes. The 
vent resistance, however, can be ignored because the Q of 
the vent mesh is usually 20 to 40 times greater than the 
speaker mesh Q. The effects of mutual coupling can also 
be ignored since gains are insignificant when the two piston 
areas are very much different.* 

The error resulting from these simplifications becomes 
significant only for large enclosures and then only in the 
region of speaker resonance when the vent Q is less than 10. 

A vent in the closed box adds a second degree of freedom 
to the system causing a redistribution of the resonant fre- 
quency and damping of the speaker. The original speaker 
resonance is replaced by two new resonances, one near the 


airgap flux density, webers/meter* 

voice coil conductor length, meters 

amplifier open cireuit voltage, volts 

amplifier internal resistance, ohms 

voice coil resistance, ohms 

mechanical resistance of suspension, mks mechanical ohms 
diaphragm and voice coil mass, kilograms 

total air load mass, kilograms 

total mechanical compliance of the suspension, meters/new- 
ton 

total mechanical compliance of the enclosure volume, me- 
ters/newton 

2afo, resonant frequency in radians/second 

total vent air mass, kilograms 

total port resistance, mks mechanical ohms 
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Fig. 4. Mechanical equivalent circuit for the vented enclosure. 


3L. L. Beranek, Acoustics (McGraw-Hill Book Co., New York, 
1954), pp. 241-258. 

4S. J. Klapman, “Interaction Impedance of a System of Circular 
Pistons”, J. Acous. Soc. Am., 11, 289 (1940). 
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closed box resonance and one substantially below the 
speaker resonance. Damping at these two resonances is 
greater than for the closed box case.® 

The vent acts as an acoustical mass which resonates with 
the compliance of the enclosure volume at a particular fre- 
quency. The equivalent circuit indicates that if the en- 
closure is tuned to the speaker resonance, the impedance 
becomes a maximum and is resistive at this frequency so 
that speaker amplitude should be greatly reduced. Maxi- 
mizing the equation for sound pressure output with respect 
to enclosure resonance reveals that enclosure resonance must 
indeed be equal to speaker resonance for maximum overall 
output to the lowest possible frequency. This condition of 
tuning will be assumed for the remainder of this paper al- 
though it may be desirable to tune the enclosure to a higher 
frequency if increased output is desired in the region of the 
upper critical frequency. The sound pressure output of the 
system now becomes a function of two variables, the speaker 
Q and the ratio of enclosure stiffness to speaker suspension 
stiffness. This ratio can be thought of as a coefficient of 
coupling between the speaker and port meshes. 


at wee :? i 


Ws = Wp 
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Ws 
Fie. 5. Ratio of vent velocity to speaker diaphragm velocity as 
a function of vent Q 


Low frequency output is increased and the low frequency 
cutoff is lowered when the stiffness ratio is decreased. Al- 
though output varies directly with speaker Q as in the closed 
box case it will be shown that a Q of less than 0.5 will give 
a flat response whereas the closed box requires a Q of ap- 
proximately unity. 

Figure 5, a plot of the ratio of vent velocity to speaker 
diaphragm velocity, shows that for normal vent Q’s (greater 
than 10) the acoustic power radiated from the vent pre- 
dominates over that radiated from the speaker diaphragm 


5J. B. Crandall, “Theory of Vibrating Systems and Sound” (D. 
Van Nostrand Co., Inc., Princeton, 1926), pp. 62-63, 2nd edition. 
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Fig. 6. Relative phase angle between speaker and port radiation 
as a function of vent Q. 
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for about 4% octave above and below speaker resonance. 
It is observed, however, that total radiation decreases rap- 
idly below speaker resonance. This occurs because at fre- 
quencies below speaker resonance the volume velocity in 
the vent becomes out of phase with the speaker diaphragm 
volume velocity. 

Figure 6 is a plot of the relative phase angle between 
vent and speaker diaphragm volume velocity. Although 
vent and diaphragm radiation are in quadrature at speaker 
resonance for all values of vent Q, the transition to out-of- 
phase or in-phase operation is very rapid when the vent Q 
is greater than 5. 
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Fic. 7. Excursion of the direct radiator in the vented enclosure, 
stiffness ratio — 7, as a function of speaker Q. 
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Fig. 8. Distortion characteristics of the closed-box vs the vented 
enclosure for 10 and 15 watt input to speaker. 
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The gradual phase shift occurring when the vent Q is less 
than 0.5 may lead to the erroneous conclusion that low 
values of vent Q can lower the low-frequency cutoff. An 
extension of low-frequency cutoff cannot occur because vent 
power output diminishes rapidly as Q becomes equal to or 
less than unity (see Fig. 5). The performance then ap- 
proaches the closed box performance. This is predicted by 
the equations of motion which reduce to those of a closed 
box when either the vent Q or the area is allowed to ap- 
proach zero. 

The diaphragm amplitude becomes a minimum at speaker 
resonance as opposed to the maximum which occurs in the 
closed box. Figure 7 shows the amplitude variations of a 
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Fic. 9. Theoretical Fig. 10. Experimental 


Relative sound pressure level response of the direct radiator in a 
vented enclosure as a function of enclosure tuning. 


speaker diaphragm in a vented enclosure for a stiffness ratio 
of 7, as a function of speaker Q. A stiffness ratio of 7 cor- 
responds to a 12” high-compliance speaker in an enclosure 
volume of about 2.25 cu ft. The diaphragm amplitude re- 
mains very uniform down to speaker resonance for critically 
damped or overdamped speaker operation. Because the 
vent mesh consists of linear elements, the harmonic and 
intermodulation distortion are greatly reduced.® 

Figure 8 shows the distortion characteristics of a 2.25 
cu ft closed vs vented box speaker system. The speaker 
used in these measurements was a Jensen P12-NF high- 
compliance woofer operating with a Q of 0.5. 

Figure 9 illustrates the dependence of flat response on 
proper enclosure tuning. Figure 10 is the experimental 
data verifying the theoretical data of Figure 9. Figures 11. 
12, and 13 show the theoretical sound pressure response of 
the vented enclosure with stiffness ratios of 1, 3 and 7 re- 
spectively, as a function of speaker Q. The experimental 
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Fig. 11. 8;/8, = 1. 


data in Fig. 14 verify the theoretical data of Fig. 13 and 
substantiate the validity of the theoretical equations. 
These response curves certainly demonstrate that a large 
box still outperforms a small box. An important result of 
these data is that flat response is in all cases obtained with 
a speaker Q of less than 0.5. The data also show that the 
acoustic output from small enclosures is only slightly im- 
proved by venting. Consider the case of a stiffness ratio 
of 7 and assume a speaker resonant frequency of 20 cps. 
Figure 13 shows that flat response is maintained to 54 cps 
for a speaker Q of .32 with the 10 db down point occurring 
at 28 cps. The same stiffness ratio applied to a closed box 
would increase the speaker resonance to 60 cps. Figure 3 


6H. S. Knowles, “Loudspeakers and Room Acoustics”, Radio Engi- 
neers Handbook (McGraw-Hill Book Co., New York, 1950), pp. 
760-761. 
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shows that a speaker Q of 1 will give flat response to 60 cps 
with the 10 db down point occurring at 32 cps. The in- 
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Relative sound pressure level response of the direct radiator in a 
vented enclosure as a function of speaker Q 
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crease in output from 28 to 60 cps in the vented enclosure is 
barely 1 db. The transient response, harmonic and inter- 
modulation distortion are, however, greatly improved. In 
cases where the enclosure volume can be more generous, 
venting offers considerable gains in output. 
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Fig. 14. Experimental verification of Fig. 13. 
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CONCLUSIONS 


Many considerations lead to the conclusion that a vented 
enclosure can do everything the closed box can do, and with 
certain advantages. But honest comparison of the two must 
include all factors, not just those favoring one system. 

Important points against venting which could result in 
poor performance if proper consideration is not given them 
are: 

1) Drop in output below the resonant frequency is 18 
db/octave compared to 12 db/octave for the closed 
box. It is commonly thought that the transient ef- 
fects resulting from a cut-off as sharp as 18 db/octave 
can be bothersome. 

Very small enclosure volume coupled with a very 
low speaker resonant frequency may require a vent 
so small as to be ineffective because of excessive vis- 
cous losses in the vent. The operation is then about 
the same as that of the closed box. In extreme cases 
of this sort, rectification has been observed in the air 
flow through the vent. This caused a displacement in 
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Ve 1S HELD CONSTANT, LOUDSPEAKER IS UNBAFFLED 


(1) RESONANT FREQUENCY 


VARY OSCILLATOR FREQUENCY UNTIL V, IS MAXIMUM. 
(2) LOADED Q 
(Q) OPEN CIRCUIT R,. OBTAIN SHAPE OF VELOCITY CURVE BY PLOTTING 
AGAINST FREQUENCY THE QUANTITY 
RvcV2 f 
*= “i ~ To000 °°." oF 
(8) INSERT R, ( ABOUT 60 OHMS), PLOT NEW VELOCITY CURVE 
Q2= AF 
(C) DETERMINE MECHANICAL RESISTANCE, Ry, FROM 
1 
Ry =(R, + Rye oe —1) 
(D) LOADED Q IS GIVEN BY 


Ry VOICE COIL RESISTANCE — OHMS 


Rgo= GENERATOR INTERNAL RESISTANCE — OHMS 
GENERATOR INTERNAL RESISTANCE CAN BE OBTAINED FROM 
Rg+R 
DB REGULATION = 20 log, ar 


R, = LOAD RESISTANCE —- OHMS t 


Fig. 15. 
speaker Q. 


Experimental procedure for the determination of 


the dynamic center of diaphragm amplitude. The re- 
sulting distortion was greater than for the closed box. 
Mistuning or incorrect speaker Q can exaggerate the 
output in the vicinity of the upper critical frequency. 
This can cause an aggravated booming sound gener- 
ally too high in frequency to give even a good impres- 
sion of false bass. 

The optimum system goal as defined by the four design 
criteria must overcome these limitations. This can be ac- 
complished in the following manner: 

The speaker resonant frequency must be low enough that 
the 18 db/octave slope occurs below 20 cps. Subjective 
listening tests did not indicate the presence of any trouble- 
some transients. An acceptable resonant frequency would 
be between 20 and 30 cps. 

The vent must have small enough resistance so that the 
volume velocity is not impeded seriously. Volume velocity 
will be independent of vent area so long as viscous losses 
are minimized. If the vent area becomes too small, a larger 
area with a duct must be used. 

The amplifier must have a damping factor sufficient to 
maintain at least critical damping in the speaker mesh. 
Speaker Q’s ranging from 0.3 to 0.4 give best results. 


The limitations being disposed of by proper design, the 
vented enclosure has definite and important advantages over 
the closed box. All exist in the octave or octave and one- 
half in the region of speaker resonance. They stem from 
the one characteristic differentiating the vented enclosure 
from the closed box—better diaphragm loading in the region 
where the box is an active element. 

The vent relieves the diaphragm of much of the necessity 
to move. The reduced diaphragm amplitude is not at the 
expense of sound output because the vent also assumes the 
task of radiation of sound energy. The advantages of the 
vented enclosure are 

1) lower harmonic distortion because the linear vent 

operation and reduced diaphragm amplitude minimize 
the effects of speaker non-linearities; 

2) reduced intermodulation distortion because of reduced 

diaphragm amplitude; 

3) improved transient response because the speaker is at 

least critically damped; 

4) greater acoustic output for a given amount of distor- 

tion; 

5) less of the deliberate efficiency loss for purposes of 

response levelling is required because the speaker 
must be operated at a lower Q. 
The Q can be decreased by increasing the speaker efficiency. 
It has been found that the efficiency averages at least 3 db 
better, for equivalent response trend, than would have been 
allowable with the closed box system. 

The author believes that in spite of its simple appearance 
the design of a vented enclosure is sufficiently difficult that 
it should not be attempted by the layman unless he is ex- 
ceptionally well informed and has adequate test facilities. 


APPENDIX 


A piston whose diameter is less than A/3 is essentially 
nondirectional at low frequencies. It can, therefore, be ap- 
proximated by a hemisphere whose rms volume velocity, U,, 
is equal to the product of voice coil velocity, v, and effective 
speaker cone area, Ag: 

U, => V-Aa 
The magnitude of rms sound pressure at a distance r (in the 
far field) from the speaker is* 


Ul fp 


|o| =——. (1) 


The equations describing sound pressure response of the 
closed and vented enclosure can be obtained from the equa- 
tions of motion for the two systems by substituting for vol- 
ume velocity in Eq. 1. 


Closed Box 
The equation of motion obtained from Fig. 1 is 
(—M mo? + Sm + jRmw) x = F 
7L. L. Beranek, op. cit., p. 188. 
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Eq. 2 is solved for x. The equation describing the ampli- 
tude, x, becomes 


X<sr 


(3) 


| x r 
o-er eo 
3 
The expression for voice coil velocity, vs, is obtained by 
multiplying (3) by the angular frequency: 


Us — wX. (4) 
Volume velocity is obtained by multiplying (4) by the ef- 


fective speaker cone area, 
U s— Aqox ° ( 5 ) 
The sound pressure level is obtained by substituting (5) into 
(1), 
Agox vor) p 


= —. 


r | (1-2)? +— 
"y ° 
A reference volume velocity is defined by 


(6) 


A 
Ures = = : (7) 


This is the actual volume velocity above resonance under 
the special condition that the expression under the radical 
in (3) is proportional to g*, i.e., the diaphragm is completely 
mass controlled: 


is. aha - 
"= i}* >> =. 
(g°—1) 0. 
A reference sound pressure is defined for low frequencies by 
substituting (7) into (1), 
XgrwAafp 
— (8) 
es 

An expression for relative sound pressure level in db is ob- 
tained by taking the ratio of (6) to (8), 


| Preg| — 


| 8° | 
S.P.L. = 20 log | e 


(9) 
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Vented Enclosure 
The equations of motion obtained from Fig. 4 are 
(—Mgw* + Sg + Sp + jRso) X%g—SpX%y— F (10) 

—Spxs _ (—M,, 07 =~ Sp oe jR,o) Xp = 0 

Eq. 10 is solved for xs and xy. 
Amplitude 

In order to simplify the expressions, Q, is assumed to 
equal infinity. The resulting error is very small because the 
typical vent mesh Q is 20 to 40 times greater than the 


speaker mesh Q. The speaker and vent amplitudes become 
respectively 
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Xgr (h* — g*) 
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(11) 


h? = oT 


Xgrh? 
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/ Se? = fe -g° 42 
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The volume velocities are obtained exactly as in the closed 
box case, 

Us = Aqoxs, (13) 
(14) 
The total sound pressure is obtained by substituting (13) 
and (14) into (1) and adding the two pressures. A negative 
sign is used for U, because, except for the phase shift intro- 
duced in the vent mesh, the radiation from the back of the 
speaker cone is 180° out of phase with the front radiation. 
Using the concept of reference sound pressure, the relative 
sound pressure level in db is 


Ps— Pp oe 
Pret 


-U, = —AqwX,. 


Sri. = 


g* 


20 log | 


/Le-ne- h*) - r=] +e[— 


h? — g” =] 
(15) 


This allows the calculation of response for any condition of 
tuning. 

Maximizing (15) with respect to enclosure tuning shows 
that maximum output at speaker resonance is obtained when 
the enclosure is tuned to speaker resonance, i.e., 4 = 1. The 
expression for relative sound pressure level becomes 


gt | 


Le = =] +a-8? | 


(16) 
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Designing the Enclosure 


The enclosure volume should be based on the maximum 
amount of space available. The object is to get the lowest 
possible value of S,/Ss. It is necessary to know only two 
factors, Sz/Ss and Qs, in order to calculate the response. 


Determination of S;/Ss 


1) Measure free air speaker resonance. Denote this by /f;. 
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2) Install speaker in the unvented enclosure and measure 
resonance again. Denote this by fe. 


3) The stiffness ratio is given by Sp/Ss = (fe/fi)? — 1. 


Determination of Speaker Q 


Qs is determined from the velocity curve as described in 
Fig. 15. The width, Af cps, is measured between the points 
of the curve on either side of the resonance peak where the 
voltage is 3 db down (0.707) from the maximum voltage. 

The area of the vent is obtained from 


ete... 
f, = 2155 ——. 
V Ve (t +.96 ¥ Ay) 
The enclosure should be tuned to the resonant frequency 
of the speaker. It is permissible to tune to a higher fre- 
quency if increased output is desired in the region of the 
upper critical frequency. In some cases, the output in the 
region of the upper critical frequency may tend to peak up. 
Peaking can be minimized by increasing the damping on 
the speaker by increasing amplifier damping factor. A nega- 
tive damping factor may have to be used in some instances. 
If the damping factor cannot be changed, the enclosure 
should be tuned lower than speaker resonance. While this 
will reduce the peak, it will also result in some losses in 
output lower in frequency. 


(17) 


Since the vent behaves as a simple source at low frequen- 
cies, the amount of power radiated is independent of the 
vent area for any given volume velocity. It is permissible, 
therefore, to use any value of vent area so long as the de- 
sired enclosure resonance is obtained. 


The use of resistive loading over the vent or the use of a 
series of small holes distributed over a large area (another 
way of adding resistive loading) is generally not recom- 
mended. An important reason for using a vented enclosure 
is that the loudspeaker produces far less distortion in the 
octave above speaker resonance than would be the case if 
the box were closed. Adding resistance to the vent will 
reduce the power radiated and will increase the speaker dia- 
phragm amplitude and distortion. The vent area should not 
be allowed to be less than about 4 in*. If (17) indicates 
an area less than this value, the area should be increased 
arbitrarily and a duct (installed behind the vent) used to 
properly tune the enclosure. The expression for resonance 
now becomes 


Ay 


| 
i= 2888 | — 
V (Ve—Vop) (la + .96Y Ap) 


(18) 


The enclosure should be lined with a two-inch thickness 
of fiberglass on at least three sides to eliminate any normal 
modes. 

The approximate location of the upper and lower critical 
frequencies is obtained from 


| Sp | Sz =| 
fun = (.707) fs |/24+—+ /4—4 =| (19) 
V 8 \ 8 Ss 

The response shape can be calculated from either (15) 
or (16) depending on whether or not the enclosure is tuned 
to speaker resonance. The calculations can become rather 
tedious but unfortunately there is no short cut. 


TABLE OF SYMBOLS 
A, = effective speaker diaphragm area, [m*] 
A, = area of vent, [in*] 
B =air gap flux density, [webers/m?] 
E, = input voltage to voice coil, [volts] 
1,f.,fu,f, = input frequency, lower critical frequency, upper eriti- 
eal frequency, enclosure resonant frequency, [sec~'] 


= driving foree, [newton] 
forced frequency ratio 


= = tuned frequency ratio 
Ws 


= duet length, [in] 

l = voice coil conductor length, [m] 
M,, = total speaker moving system mass, [kg] 
M, = air mass of vent, [kg] 

w, — lower critical frequency, [sec] 

wy — upper critical frequency, [| sec~*] 

wo — system resonant frequency, [sec] 

, ws, wp — input frequency, speaker resonant frequency, enclosure 
resonant frequency, [sec] 


P, Ps, Pp = complex rms sound pressure, complex rms sound pres- 
sure from speaker diaphragm, complex rms sound 
pressure from vent, [newton/m*] 


Ws Rin 
—- = speaker mesh Q 


_M, 


= port mesh Q 
, 
R,, = total mechanical resistance in speaker mesh, 
[mks mech ohm] 


R, = total mechanical resistance in vent mesh, [mks mech 
ohm | 


p = density of air, [kg/m*] 

R, = amplifier internal resistance, | ohm] 

r average distance of observation point from diaphragm 
and/or port, [m] 

Ry = voice coil resistance, [ohm] 

Ss = speaker suspension stiffness, [newton/m ] 

S, —stiffness of enclosure volume, [newton/m | 

t vent wall thickness, [in] 

U, Us, U, = complex rms volume, velocity, complex rms volume vel- 
ocity of speaker diaphragm, complex rms volume 
velocity of vent, [m*/sec ] 

vs = speaker diaphragm velocity, [m/sec] 
v, = vent velocity, [m/sec] 
x, ts, 2, — amplitude, diaphragm amplitude, vent amplitude, [m] 


F 
fer = = static deflection, [m] 
Os 
V, — volume of enclosure, [in*] 
Vp —volume of duet, [in*] 
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Analysis of a Low-Frequency Loudspeaker System* 


Peter W. Tappant 
Warwick Manufacturing Corporation, 7300 N. Lehigh Avenue, Chicago 31, Illinois 


A method is shown for calculating the approximate acoustic power output as a function of 
frequency of a low-frequency, point source, reflexed loudspeaker enclosure system employing a 
tube of constant cross section. The resulting power output formula is used to aid the selection of 
enclosure dimensions for a particular loudspeaker and amplifier. Comparison of the theoretical and 


measured frequency responses shows a fair correlation. 


Reasonably uniform response is obtained 


to about an octave below the free-air fundamental resonant frequency of the loudspeaker. 


E PURPOSE of this work has been to provide a theo- 
retical analysis of the performance of the Jensen Trans- 
flex loudspeaker enclosure system, to devise from this analy- 
sis a method for selecting suitable enclosure dimensions for 
a given speaker and amplifier, and to verify the analysis by 
experiment. 


THE TRANSFLEX 


The Transflext (Fig. 1) is described as a bass-reflex 
transmission-line system. Essentially, it is a modified Laby- 
rinth?* enclosure. It differs from the latter in that the 
absorbent lining has been omitted “to prevent loss of effi- 
ciency” and the front of the loudspeaker diaphragm has 
been brought within the tube mouth to achieve tight cou- 
pling between the two. This tighter coupling augments the 
output in the vicinity of frequencies where the frontal and 
tube-mouth radiation are in phase (tube length is an odd 
number of half wavelengths), at the expense of that at fre- 
quencies where they are nearly opposite in phase (tube 
length is an even number of half wavelengths). Also, the 
tube length is apparently made approximately a half wave- 
length at the free-air resonant frequency of the speaker, 
instead of about 0.3 wavelength. The cross-sectional area 
of the tube and the area of the mouth are made equal to 


* Received January 13, 1959. Delivered before the Tenth Annual 
Convention of the Audio Engineering Society, New York, October 3, 
1958. 

+ Senior Research Engineer 

1 Jensen Mig. Co. Technical Bulletin No. 4, “The Reproducer of 
the Future”, (Dec. 1952). 

2B. J. Olney, “A Method of Eliminating Cavity Resonance, Ex- 
tending Low Frequency Response, and Increasing Acoustic Damping 
in Cabinet-Type Loudspeakers”, J. Acoust. Soc. Am., 8, 104 (1936). 

3B. J. Olney, “The Acoustical Labyrinth”, Electronics, 10, No. 4. 
24 (April 1937). 
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the effective radiating area of one side of the speaker dia- 
phragm as in the Labyrinth. 

As created by Jensen, the Transflex employs a fifteen-inch 
driver and is designed to reproduce only the extreme low- 
frequency end of the range, from 45 cps on down. Above 
this frequency the response of the Transflex is very uneven 
and a crossover network is therefore used to transfer the 
amplifier output to another speaker. The useful range of 
the unit is stated to be only a little over one octave: from 
45 cps, about 26 per cent above the first tube resonance, 
presumably to approximately 20 cps, not quite an octave 
below it. The theory of the Transflex is not presented in 
much detail and it seems probable that the design is largely 
the result of trial and error rather than much quantitative 
calculation. The writer felt that a more thorough analysis 
might lead to improved performance by facilitating the 
choice of optimum parameter values. 


FREQUENCY RESPONSE OF A CLOSED-BOX SYSTEM 


Because of the distributed parameters and reflex action of 
the Transflex, the calculation of its frequency response is 
rather complex. To facilitate the reader’s understanding, 
the method to be used will therefore be illustrated first for 
the case of a loudspeaker in a small closed box (Fig. 2). 
An equivalent circuit of the impedance type for this case, 
with all electromagnetic quantities transformed into their 
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Fig. 1. Cross-sectional view of the Transflex system. 
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a 2. Cross-sectional view of a loudspeaker in a small closed 
x. 


acoustical equivalents, is shown in Fig. 3 (after Beranek*). 
In this circuit P, is the instantaneous pressure*+ equivalent 
of the applied driving signal acting through the electro- 
magnetic system (P, = e Bl/rS, where e is the instantaneous 
open-circuit output voltage of the amplifier, B is the mag- 
netic flux density in the gap, / is the length of voice-coil 
wire in the gap, r is the electrical resistance of the voice 
coil plus the source resistance of the amplifier, and S is the 
effective radiating area of one side of the diaphragm); R, 
is the acoustic resistance equivalent of the electromagnetic 
damping (R, — B*l*/rS*); R, is the acoustic resistance of 
the diaphragm suspension system; M, is the effective in- 
ertance or acoustic mass of the diaphragm, voice coil, and 
spider; C, is the acoustic compliance of the diaphragm sus- 
pension system; C, is the acoustic compliance of the air 
confined within the box (C, = V/pc*, where V is the inter- 
nal volume of the box, p is the density of air, and c is the 
speed of sound in air); M, is the effective inertance of the 
air in contact with the back of the diaphragm (M), varies 
with the geometry of the system and decreases as the box 
volume is reduced); M, is the inertance of the air load on 
the front of the diaphragm (for radiation into a solid angle 
of 2x steradians, M, = 8p/32"a at low frequencies, where 
a is the effective radius of the diaphragm); and R, is the 
acoustic radiation resistance of the air load on the front 
of the diaphragm (for radiation into 27 steradians, R, = 
pck*/2r at low frequencies, where k = 27/A and J is the 
wavelength of the sound in air). This circuit is valid only 
at low frequencies where the wavelength is long compared 
to the diaphragm diameter and the longest internal dimen- 
sion of the box, the diaphragm moves as a rigid piston 
(without “breaking up” into higher-order modes), and the 
inductive reactance of the voice coil is negligible compared 
to the dc resistance. 

In that all quantities are in series, the instantaneous vol- 
ume velocity U, of air out of the system is equal to the 
instantaneous forward volume velocity U, of the speaker 


4L. L. Beranek, Acoustics (McGraw-Hill Book Company, Inc., 
New York, 1954), p. 213. 

t Throughout the paper “pressure” will mean pressure in excess of 
atmospheric, rather than absolute value. 


diaphragm, and is simply the pressure equivalent P, divided 
by the sum of all the impedances: 
U,=U,= 

P, 


R. + Ry + joM, + 1/joC, + 1/joC, + joM, + joM, + R,’ 


where j = \ — 1 and » is the angular frequency. In a typi- 
cal high-quality system R, and R, are usually negligible 
compared to R,, so the expression may be simplified to 


P, 


v= : 
R,. + j(@M, + oM, + oM, -1/@C, - 1/oC,) 


If the rms magnitudes of P, and U, are p and wu respectively, 
then the radiated acoustic power W is given by 


PR, 
R2 + (oM, + oM, + oM,-1/0C, -1/0C,)? 


It would be quite tedious to calculate W as a function of 
frequency f from this equation. Further simplifications can, 
however, be made. Let f; be some arbitrary frequency in 
the range of interest. Let a number n be the ratio of fre- 
quency to f;, i.e., f = mf,. Further, let a number D,, which 
we shall call the response index, be the ratio of P, to the 
quantity times U,. Then 


VY =78,= 


PF 


n | R2+ (oM, + oM, + oM, - 1/0C, -1/0C,)? 
R.? + (oM, + ©M, + oM,-—1/C, — 1/#C,)? 


9 
n- 


In that R, is proportional to f* and hence to n*, it is seen 
that if p is independent of frequency (constant open-circuit 
voltage output from amplifier), then |D,|* is inversely pro- 
portional to W. Thus, when both |D,|* and W are ex- 
pressed in db relative to their values at f,, one is the nega- 
tive of the other. Since by using |D,|* instead of W certain 
factors are eliminated and the complicated term is placed 


Mp 


R. R, M Cy, 


M 
U,=U, r 


ex 


Fig. 3. Equivalent acoustical cireuit of a loudspeaker in a small 
closed box. 
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in the numerator rather than the denominator, it is easier 
to calculate the relative response. If desired, |D,|* may 
be further simplified by the substitution » = 2nf, as fol- 
lows: 


Cy + C. ] ; 
2xfiCpC,n? 


Then, when R,, the M’s and C’s are known, the relative 


frequency response can be immediately and readily cal- 
culated. 


R? 
|D,|* = ——-+> [ 20h (ate + as + Me) - 
n2 


OUTPUT VOLUME VELOCITY OF THE TRANSFLEX 


Let us return now to the Transflex. 
sumptions will be made: 

1. The frequency range to be covered is low enough so 
that (a) the effective diameters of the speaker, tube, 
and port, and the distances between the mouth, port 
and front of the speaker diaphragm are negligible com- 
pared to a wavelength, (b) the bends in the sound 
path have negligible effect on the response, and (c) 
the speaker diaphragm moves as a rigid piston. 

. The tube walls are perfectly rigid and non-absorptive. 

. At any frequency the diaphragm displacement ampli- 
tude is proportional to the applied signal voltage. 

. The system radiates into a solid angle of 27 steradians 
of free space. 

The symbols used will be the same as in the preceding 
example, except for the following additions and subtrac- 
tions: Z, is the acoustic impedance of the speaker diaphragm 
and voice coil in vacuum (Z,— R,-+ jX,, where X, = 
oM,—1/wC,); Z, is the acoustic radiation impedance of the 
external air load on the port (Z,— R,-+ jX,, where X, = 
oM, and of course R, and M, now load the port rather than 
the diaphragm directly as before); A is the internal cross- 
sectional area of the tube; L is the length of the tube, from 
the throat to the mouth or port (Z is almost twice the length 
of the enclosure as shown in Fig. 1); P(0) is the instan- 
taneous pressure at the throat; P (L) is the instantaneous 
pressure at the mouth, port, and front of the speaker dia- 
phragm; U, is again the instantaneous forward volume 
velocity of the speaker diaphragm (obviously, — U, equals 
U(0), which is the instantaneous volume velocity of air 
into the throat); U,, is the instantaneous volume velocity 
of air out of the mouth; and U, is now the instantaneous 
volume velocity of air out of the port (obviously, U,— 
U, + Um). 

An equivalent circuit of the impedance type for the 
Transflex with all electromagnetic quantities transformed 
into their acoustical equivalents, is shown in Fig. 4. The 
tube is shown as a delay line, with distributed inertance and 
compliance. In this circuit U, is shown flowing from the 
throat in the direction of the generator because U, was de- 
fined as the forward volume velocity of the speaker dia- 
phragm (away from the throat). U, must then flow in the 
same direction because U,— U, + U,,. For the same rea- 


The following as- 


Zs 


Fic. 4. Equivalent acoustical cireuit of the Transflex. 


son, U,, must flow in the same direction through Z, as U,. 
The polarity of P, was chosen so that the generator pressure 
P, creates a volume velocity U, in the indicated direction. 
The polarity of P(0) is as shown because a positive throat 
pressure P(0) would tend to move the diaphragm forward, 
aiding the flow of U,. The polarity of P(L) is as shown be- 
cause a positive mouth pressure P(L) would tend to push 
air out of the mouth, aiding the flow of U,,. 

From inspection of the circuit or the drawing of the en- 
closure, by the acoustical equivalent of Kirchoff’s Second 
Law, two independent pressure equations can be written: 


P(0O) =-P, + Z,U, + Z,(U, + Um) (1) 
P(L) = Z,(Us + Um). (2) 
What we need now are relations between the pressures 
and volume velocities at the ends of the tube. After Morse,° 
the pressure as a function of axial distance x along a rigid- 
walled, non-absorptive tube of uniform cross section, carry- 
ing axially directed sinusoidal plane waves of one frequency 
traveling in both directions, is of the form 
P(x) = Q sinh (T - jkx) = 
Q sinh T cos kx — jQ cosh T sin kx, 
where Q and T are complex numbers that are independent of 
x (but not of &) and k = 2x7/A = w/c. Similarly, the vol- 
ume velocity is of the form 
AQ j 
U(x) = — cosh (T — jkx) = 
pe 
AQ 
— cosh T cos kx — j — sinh T sin kx. 
pc pc 
Therefore we can write 
P(0) = Q sinh T, 
P(L) = Qsinh T cos kL — jQ cosh T sin &L, 


(3) 
(4) 


A 
[U(0) =]-U, = = cosh T, 
pe 


(5) 


AQ AQ 
Um = — cosh T cos kL — j — sinh T sin kL. 
pc pc 
We may now combine Eqs. 1 and 3 to eliminate P(0), 
giving 


5P. M. Morse, Vibration and Sound (McGraw-Hill Book Com- 
pany, Inc., New York, 2nd ed., 1948), p. 239. 


nn TAPPAN 
ee = ae TUBE | ) | 
+ mouth eu) 000 0 Qro throat 
i u, U, A 
a er | 
| 
a a | 
:° 
| 
| 
a 
{ 
4 
Ree 
| ee = 
5 q 
‘ 


ANALYSIS OF A LOW-FREQUENCY LOUDSPEAKER SYSTEM 


—-P,+ Z,U,+ Z,(U, + Um) = Q sinh T. (7) 
Similarly, P() may be eliminated from Eqs. 2 and 4, giv- 
ing 

Z, (Us + Um) = Q sinh T cos kL-jQ cosh T sin kL. (8) 
Eqs. 5 through 8 are four simultaneous equations in the un- 
knowns U,, U,,, Q and T, which may be solved for U, = U, 
+ Um. 

As a first step in the solution, the two hyperbolic functions 
of T may be reduced to one, at the same time eliminating 
Q, by rewriting Eq. 5 as 

c 
cassia U 
AQ cosh T 


and then multiplying each side of Eqs. 6, 7 and 8 by the 


corresponding side of this equation. We then obtain, respec- 
tively, 


U,, = —U, cos kL + jU, tanh T sin kL, 


(9) 


—-P, + Z,U, + Z,(U, + Um) =-— U,tanhT, (10) 


and 
Z,(Us + U,) = 


pe 


c 
~~ U, tan T coskL+j r U, sin RL. 


(11) 


These three equations may be solved by straightforward al- 
gebra to give 


—j(A/pc) Z, sin kL —cos kL| P. 

On (-j pc) |Ps , (12) 
{ 2Z,.(1-—cos kL)—Z, cos kL 
| —j(A/pc) Z,Z, sin RL — j(pc/A) sin kL \ 


{1+ j(A/pc) Z, sin RL] P, 


, (13 
2Z,.(1 -cos kL)—Z, cos RL } ae 
—j(A/pc) Z,Z, sin RL — j(pc/A) sin kL | 


i.$= 


and hence 


G.= U.+ Us 
(1—cos kL) P, 


{ 2Z,(1—cos kL)— Z, cos kL 
| -—j(A/pc) Z,Z, sin RL — j(pc/A) sin kL 


Response Index of the Transflex 


To solve for the relative frequency response, we may cal- 
culate the response index D,, as in the preceding example: 


{ 2Z,.(1 -cos kL)—Z, cos kL 
| —j(A/pc) Z,Z, sin RL — j(pc/A) sin kL aia 
e n (1—cos kL) 


Separating the real and imaginary parts, we have 


+ R,X,) sin kL] + j[2X, (1 —cos kL) " 
—X, cos kL-(A/pc) (R,R,-— X,X,) sin kL 
—(pc/A) sin kL] J ae 


["e —cos kL) — R, cos kL 4+- (A/pc) (R,X, ) 


} 


n(1—cos kL) 


In order to proceed, we may choose a speaker, substitute 
its constants into the above expression, and attempt to de- 
termine the values of the enclosure parameters for optimum 
performance. A medium-size, medium-price speaker was 
selected so that the final constants and performance of the 
system might be fairly typical. This speaker has a diameter 
of 7.5 in. and a slug magnet that appears to be about 6.8 oz 
of Alnico V. The pertinent constants of the speaker were 
measured by methods similar to those described by Beranek® 
and the results are as follows: 

R, = 8200 newton-sec/m*$ 
X, = 5300 (f/80-—80/f) newton-sec/m*. 

Now for radiation into 27 steradians, the acoustic radia- 
tion resistance R, = pck*/2x— .0215f* at frequencies 
where the wavelength is large compared to the port. At 
200 cps, R, = 860 newton-sec/m®. This is small compared 
to R, and at lower frequencies it will of course be still 
smaller. The determination of the optimum values of the 
enclosure parameters could be greatly simplified if it could 
be shown that all terms containing the factor R, in Eq. 16 
are negligible. It may be seen that R, is also small com- 
pared to the diaphragm reactance X, at low frequencies 
except near the diaphragm resonance at 80 cps. For radia- 
tion into 27 steradians the acoustic radiation reactance X, 
= l6pf/3rb = 2.00 f/b, where b is the radius of the port 
in meters, at frequencies where the wavelength is long com- 
pared to the diameter of the port. The port area is not 
likely to be larger than one square foot, and will probably 
be somewhat smaller. Assuming an area of one square foot, 
the effective: radius would be approximately 0.172 meter 
and hence X, would be about 2300 newton-sec m*® at 200 
cps. X, is therefore considerably larger than R, at this 
frequency and below, since R, decreases faster with decreas- 
ing frequency than does X,. A smaller port would obviously 
make X,. even larger. Thus it can be said that at and below 
200 cps, R, is small compared to R, and X,, and small com- 
pared to X, except near the diaphragm resonance. Refer- 
ence to Eq. 16 will then show that R, may be neglected in 
the calculation of D, except for frequencies at which the 
numerator of D, becomes considerably smaller than usual, 
if any, since an accuracy of plus or minus one db in the 
value of |D,,|* will be sufficient. Essentially, the assumption 
we are making is that the volume velocity in the port is 
relatively independent of the acoustic radiation resistance. 
The validity of this assumption may be checked later, if 
desired, by Eq. 16, after the enclosure dimensions have been 
selected. 


6 Beranek, op. cit., pp. 229-31. 
§ This unit is identical to the [mks acoustical ohm].—Ed. 
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Fig. 5. Frequency dependence of the speaker acoustic reactance, 
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Setting R, = 0 in Eq. 16, we obtain 


(  [-R, cos kL + (A/pc) R-X;, sin kL] 
4 + j|[2X,(1-—cos kL)-X, cos kL } 
L+ (A/pc) X,X, sin RL —(pc/A) sin kL] 
D, = . (17) 
n(1-—cos kL) 


We may write X, as nX,,, where X,; is the value of X, at fy. 
Eq. 17 may then be rewritten as 
Dp =GRe+j(2Xn+HI+GX,), (18) 
cos kL ( sinkL ) (=) 
siicameey 1-—cos kL as 
sin kL 
n(1—cos kL) , 
pe 


J=—. 
A 


where G = - 


CHOICE OF ENCLOSURE DIMENSIONS 


When the wavelength is an integral multiple of the tube 
length, the output will be zero because cos kL — 1, making 


G infinite, which in turn makes |D,/|* infinite. Thus we 
cannot achieve flat response outside a range of kL from 
somewhat greater than 0 to somewhat less than 27. It is 
clear that for optimally flat response over this range, the 
absolute value of the response index should vary as little 
as possible as a function of frequency. In order to see how 
to accomplish this, we must examine each of the parameters 
of the right-hand side of Eq. 18. As mentioned before, the 
equivalent acoustic resistance R, of the speaker diaphragm 
is 8200 newton-sec/m*, and its acoustic reactance X, is 5300 
(f{/80 —80/f) newton-sec/m®. X, is plotted in Fig. 5. We 
do not yet know the values of X,, and J, but they do not 
vary with frequency. 

It will be convenient to let f,; be the frequency at which 
the tube length is 4/4. At this frequency kL = 7/2, so in 
general kL will be equal to mz/2. We may then plot H as 
a function of m as in Fig. 6. 

Since we do not know the value of X,,/J, we cannot plot 
G uniquely as a function of m. We may, however, plot a 
family of G vs m curves covering the possible range of 
X,/J values. The nature of G is such that for small values 
of X,,/J, the G vs m curve is not far from the curve for 
X1,/J = 0; so we may choose the latter curve as the first 
member of the family to be plotted, without regard to what 
the smallest practical value of X,,/J may be. As X,./J 


n 
Fic. 6. H as a function of n. 
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se. =3 


1 2 
n 
Fic. 7. G as a function of n, with X,,/J as a parameter. 


v 


increases, however, the curve approaches no asymptotic 
limit, so we must establish an upper practical limit to X,,/J. 
Considerations of the speaker characteristics, maximum rea- 
sonable enclosure volume, and minimum reasonable port 
area, which need not be elaborated here, reveal that the 
optimum value is most unlikely to exceed three. Fig. 7 is 
therefore a graph of G vs n for representative values of 
X,;/J between zero and three. 

This graph shows that G passes through zero at some 
value of m between one-third and one, depending on X,,/J, 
and again between 2 and 3. By Eq. 18, when G = 0, |D,|* 
= (2X,, + HJ)*, which is independent of the speaker 
parameters R, and X,. For approximately equal response 
at these two frequencies, the corresponding values of |D,,|* 
should not differ greatly. The only frequency-dependent 
quantity in the above expression is H, and examination of 
the graph of H vs n reveals that the value of H at the lower 
frequency will be between — 11.2 and —1.0, while that at 
the upper will be between zero and one-third. Therefore, 
the only ways in which the values of |D,|* could be 
made approximately equal would be by making J small 


compared to 2X,, or by making the value of D, at the lower 
frequency approximately equal to the negative of that at 
the upper frequency. The former method is ineffective be- 
cause as J/X,, is decreased, the lower frequency at which 
G = 0 decreases, and the resulting increase in the magni- 
tude of the corresponding H more than offsets the decrease 
in J/X,,. Following the latter approach, then, we pick an 
arbitrary value of X,,/J, consult Fig. 7 to determine the n 
values at which G= 0, examine Fig. 6 to learn the cor- 
responding values of H, and then calculate and compare the 
resulting two values of D, in terms of X,;. The process is 
repeated for other values of X,,/J, and it is found that val- 
ues between 0.26 and 0.5 yield responses within about 2 db 
of each other. A value of 0.5 was initially selected for the 
test model. 

Somewhere between the two frequencies at which G = 0, 
G has a maximum, as shown in the graph. Thus, as the 
frequency increases, GR,, the real part of D,, passes through 
zero, increases to a maximum, and then decreases, again 
passing through zero. For approximately flat response over 
this range, then, the magnitude of the imaginary part of D,, 
should have a minimum at or near the frequency at which 
the real part has its maximum. Now, we have already made 
the imaginary part negative at the lower frequency at which 
G = 0, and positive at the upper. Somewhere between, it 
must pass through zero. We shall therefore attempt to 
make it pass through zero at the frequency of maximum G, 
and make its magnitude at the frequencies at which G = 0 
approximately equal to the maximum value of the real part. 
When X,;/J = 0.5, the geometric mean magnitude of the 
imaginary part of D, at the frequencies at which G = 0 is 
approximately 2.0 X,;. From Fig. 7, the maximum value 
of G occurs at about 1% f, and is approximately 0.56. 
Therefore, we set 0.56 R, = 2.0X,,, obtaining X,, = 2300 
newton-sec/m*, and hence J = 4600 newton-sec/m*®. Then, 
setting the imaginary part of D, equal to zero at 1% f,, we 
obtain a value of about — 3750 newton-sec/m® for X, at that 
frequency; and, consulting the graph of X, vs frequency, we 
learn that this value occurs at 57 cps. Therefore, 1% f; = 
57 cps, or f; = 46 cps. 

From the values of these parameters, the enclosure dimen- 
sions may be calculated. The tube length is 4/4 at f,, so 


_¢ __ 1131 ft/sec 
hf, 4X 46/sec 


The tube cross-sectional area A may be found from the 
definition of J as pc/A: 


= 6.15 &., 


pc _ 407 newton-sec/m* 
™ = ~~ 4600 newton-sec/m?® 
= 0.0885 m? = 137 in.* = 0.95 ft?. 
The volume V of air in the enclosure is thus 
V = LA= 6.15 ft X 0.95 ft? = 5.85 ft*. 


As discussed in the last section, the port radius 5 in meters 
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Fig. 8. Theoretical frequency response of the Transflex. 


250 300 


is related to the port reactance X, in newton-sec/m® by the 
equation X, = 2.00 {/6, for radiation into 27 steradians, so 


5 = Sh = == = 0.04m = 1.57 in. 

Xn 2300 

The port area is thus r(1.57 in)* = 7.75 in?. This area will 
be reasonably accurate even if the port is made rectangular 
rather than round, provided that it is not a narrow slit. 


Theoretical Performance of the Test System 


Having thus tentatively selected values for the enclosure 
parameters, we may calculate the resulting response at nu- 
merous frequencies by Eq. 18 and plot a response curve as 
in Fig. 8. It is seen that the curve lies within a 5 db en- 
velope from about 29 cps to about 150 cps, a frequency 
ratio of essentially five to one. The flatness and low- 
frequency extent of this curve are exceptionally good, con- 
sidering the response usually obtained from a medium- 
priced speaker of this size, so the choice of enclosure para- 
meter values may be accepted as satisfactory from the 
standpoint of frequency response. 

As regards peak acoustic power output capability, also, 
the system has merit. The factor that limits the peak power 
output of any system is the maximum excursion capability 
of the diaphragm. If two systems employ different enclo- 
sures but identical speakers, and if a given diaphragm vol- 
ume velocity at a given frequency produces twice the volume 
velocity into the external air load in one system as it does 
in the other, then the peak power output capability of the 
first system will be four times that of the other (assuming 
that the external dimensions of both systems are small com- 
pared to a wavelength), since the power output is propor- 
tional to the square of the volume velocity into the load. 
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Fig. 9. Frequency dependence of |U,/U,|. 


In a closed-box system, the diaphragm volume velocity is 
the volume velocity into the load. In the Transflex, U,, 
the volume velocity into the load, is equal to the sum of 
U,, the diaphragm volume velocity, and U,,, the volume 
velocity out of the mouth, and thus U, may exceed U,. 
The ratio of U, to U, is calculated by dividing Eq. 14 by 
Eq. 12, giving 


U, _ 1—cos kL 
‘U,  -j(A/pe) Z, sin RL —cos RL 
=. 1-—cos kL 
~~ (X/J) n sin RL —cos RL — j(R,/J) sin kL 


It is found that the term containing R, may be neglected 
except when the rest of the denominator is very small. The 
absolute value of U,/U, over the range from 23 cps to 184 
cps is plotted in Fig. 9. It is seen that from 28 cps to 125 
cps the absolute value of the ratio is never less than about 
1.4, so that over this range the system will have at least 
about twice the power output capability of the same speaker 
in a closed box. This range covers the entire useful range 
of the system except for the highest frequencies of the 
latter, between 125 and 150 cps. The absolute value of the 
ratio at 150 cps is about 0.3, but this is not detrimental 
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Fig. 10. Dimensions of the experimental enclosure (rear view, 
with rear cover removed). 
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Fic. 11. Measured frequency response of the Transflex with var- 
ious port areas. 


because the necessary diaphragm excursion for a given 
power output at this frequency is still very much less than 
that at the lower end of the useful range. 

The electroacoustical conversion efficiency of the system 
also may be compared to that of the same speaker in a 
closed box of the same volume. The power output of the 
closed-box system may be compared to that of the Transflex 
system for the same voltage input, by calculating |D,|* as 
a function of frequency for the former system by the method 
described in the second section. It is found that the power 
output of the closed-box system monotonically decreases 
with decreasing frequency throughout the 29-150 cps range 
of the Transflex. At 138 cps the output is about 3 db 
greater than that of the Transflex, at 66 cps it is about 3 db 
less, and 31 cps it is approximately 16 db less. 


Enclosure Construction 


A drawing of the completed enclosure, with the rear panel 
removed to reveal the interior and the speaker in place, is 
shown in Fig. 10. The enclosure was constructed of 34” 
plywood. The panels were joined by glue and screws except 
the front panel, which was fastened with screws only, so as 
to be removable. The edges joining the front panel were 
lined with 1/16” felt to provide an air-tight seal and pre- 
vent rattle. The 180° bend in the sound path was rounded 
off with a piece of 4” solid cardboard to help eliminate 
reflections. The spaces between the cardboard and the 
corners were filled with tightly packed paper. The port was 
constructed with a sliding cover to provide an area adjust- 
able from zero to 18 in*. The diameter of the mounting 
hole for the speaker was 6.5 in. The internal depth of the 
enclosure was 12.75 in. The other pertinent enclosure di- 
mensions are shown in the drawing. Obviously, these di- 
mensions were chosen to match the calculated parameter 
values. It should be emphasized that the experimental sys- 
tem was intended only as a verification of the theory, and 
not as a practical design suitable for commercial production. 
The cost of the enclosure as constructed would be out of 
proportion to that of the speaker used. Also, it is possible 
that placement of the front of the speaker outside but ad- 
jacent to the port rather than inside it, together with the 
use of appropriately placed absorbent lining to attenuate 
the tube transmission at high frequencies as in a Labyrinth, 


might extend the upper useful frequency limit to that in- 
herent in the speaker. 


Response Measurements 


The frequency-response measurements were made in an 
anechoic chamber. The speaker was driven from the 4 0 
terminals of a McIntosh Model 50-W-2 power amplifier, 
which was in turn driven by a General Radio Model 1304-A 
beat-frequency oscillator with a sweep drive motor. The 
voltage across the speaker was set, at 100 cps, to correspond 
to a nominal 2.0 watts into the rated 3.2 ohms impedance 
of the speaker, except during some checks at other levels. 
The voltage was constant within a one-db envelope over 
the frequency range. 

A General Radio Model 759 sound level meter was placed 
on a resilient support with its microphone 74 inches in front 
of the enclosure port. The absolute sound pressure level at 
fixed frequencies was read directly from the sound level 
meter; but for recording the frequency response, the sound 
level meter was set at its 80-db range and its output was 
connected to a Briiel and Kjaer Model 2301 level recorder. 


Experimental Results 


The frequency response of the Transflex with port open- 
ings of 4.5, 9, and 18 in? is shown in Fig. 11. The 9 in? 
opening corresponds fairly closely to the theoretical opti- 
mum of 7.75 in*, especially with the added inertance of the 
air in the 34” depth of the port between the front and back 
surfaces of the front panel, because this depth was neglected 
in the calculation. The curve for the 9 in* port may thus 
be compared with the calculated response (Fig. 8). It is 
seen that both curves are fairly smooth between 30 and 140 
cps, have a severe dip at about 184 cps, a peak at about 195 
cps, and another dip at about 220 cps. However, the cal- 
culated response is flat within about a 1.5 db envelope from 
32 to 140 cps, whereas the measured response requires a 
7.5 db envelope over this same range, sagging somewhat at 
the low end and in the 90-cps region with respect to the 
response at other frequencies. Possible sources of error are 
frequency-dependent error in the measuring instruments, 
error in the measured constants of the speaker, incompletely 
valid assumptions as the basis for the theoretical calcula- 
tions, imperfect absorption by the walls of the anechoic 
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frequency in cps 
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Fig. 12. Effect of series resistance upon the measured frequency 
response of the Transflex. 


| 

a 
a} f | Pd Pee ANT TY 

| a PE eee NS ae 

224A Meee eel 2 
et rae ee 
20 Ses 1s) |) 2:0 
ee 
a 

_ 

ee See 

41 | | arte RL eZ TT TT 

= SESH 

FL fen | T TT LT TT 

oe 

ee 


ee cae ee ge ee ee 


Wee 


PETER W. TAPPAN 


40 50 60 70 80 90 100 120 150 
frequency in cps § 


—— without lining 


Fig. 13. Measured freq y resp 
without an absorbent lining. 


— — with lining 
of the Transflex, with and 


chamber, diffraction by the external edges of the enclosure, 
and the fact that the effective tube length and cross-sectional 
area may differ from the actual values. 

It can be seen that as the port area was increased, the 
relative frequency response changed very little but the over- 
all efficiency increased. The change from a 4.5 in® port to 
a 9 in? port increased the average output by about three db, 
and the change from 9 in* to 18 in* raised the average level 
another four or five db. All subsequent measurements were 
made with an 18 in® port area. Larger port openings were 
not tried because there was an indication that they would 
have yielded a somewhat less flat frequency response. 

The effect on frequency response of changing the ampli- 
fier damping factor, while maintaining constant open-circuit 
output voltage, is illustrated in Fig. 12. This was accom- 
plished by placing a resistor in series with the speaker. The 
importance of a high damping factor (low source resistance) 
in maintaining the flattest possible response is apparent. It 
would probably be beneficial to use an amplifier with a nega- 
tive source resistance to cancel part of the resistance of the 
voice coil.? 

Figure 13 shows the effect on frequency response of lining 
portions of the lower part of the enclosure with fiberglass 
padding. The severity of the dip near 184 cps and the 
peaks near 140 and 190 cps was reduced. It is apparent 
that a greater amount of absorbing material would have 
aggravated the dip near 90 cps. 

It would have been desirable to observe the effect on 


7R. E. Werner, “Effect of a Negative Impedance Source on Loud- 
speaker Performance”, J. Acoust. Soc. Am., 29, 335 (1957). 
[Also J. Audio Eng. Soc., 6, 240 (1958) —Ed.] 


frequency response of varying the tube length and cross- 
sectional area, but unfortunately this would have necessi- 
tated virtually rebuilding the entire enclosure for each varia- 
tion. It is likely that adjustment of these parameters could 
have yielded a more uniform response. 

Since there are apparently no distortion-producing ele- 
ments in the enclosure itself, the system distortion is un- 
doubtedly generated entirely by the speaker, and therefore 
is of interest only in comparison to that of other enclosures 
using the same speaker. No comparison measurements were 
made, but the theoretical power output capability compared 
to that of the same speaker in a closed box has been dis- 
cussed previously. As a rough check to insure that distor- 
tion was not affecting the response measurements, however, 
the output of the sound level meter was viewed on an os- 
cilloscope, and appeared to be mostly fundamental down to 
32 cps at the nominal two-watt input level. 
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A Wide-Range Electrostatic Loudspeaker 


CuHartes I. Matme* 


Massachusetts Institute of Technology, Cambridge, Massachusetts 


A newly designed wide-range electrostatic loudspeaker incorporates: (a) push-pull operation 
with a light, 20-in diameter, peripherally-supported diaphragm; (b) a high-resistivity coating on 
the diaphragm surfaces to give constant-charge operation without the use of an external series 
resistor; (c) a bias voltage of 16 kv applied through a corona-ring around the edge of the dia- 
phragm; (d) a high-output-voltage audio amplifier to provide a driving signal of 4.5 kilovolts 
rms; (e) large diaphragm excursion to allow adequate low-frequency reproduction; and (f) elec- 
trical segmentation of the diaphragm to give broad directivity patterns at all frequencies. 

The experimental electrostatic loudspeaker is capable of a frequency response essentially flat 


within + 8 db from 16 cps to 16,000 cps. Total harmonic distortion at 16 cps is 6 percent. 


The 


figures quoted are for a sound pressure level of 80 db (re 2 X 10“ w bar) measured at a distance 
of 6 ft on the loudspeaker axis in an anechoic chamber. 


INTRODUCTION 


OST PEOPLE THINK of the electrostatic loudspeaker 

as an invention of the “high-fidelity era.” The idea of 
using a condenser to produce sound is almost a century old, 
however, and can be traced back to Lord Kelvin.* In the 
1880’s, Amos Dolbear, a professor at Tufts University, pat- 
ented and produced a telephone system using condensers for 
both the transmitter and the receiver.' Around 1930, dur- 
ing the radio boom, several workable electrostatic loudspeak- 
ers were invented and manufactured.**> These speakers 
never achieved commercial success because they were un- 
able to compete with the more rugged electromagnetic “horn- 
less loudspeaker” invented by Rice and Kellogg. 

The builders of electrostatic loudspeakers in the 1930’s 
were handicapped by a lack of suitable materials. The light 
plastic films and insulating materials such as Mylar and 
Lucite, which we have today, were not available. Instead 
such materials as cast iron, bakelite, aluminum foil, and 
sheet rubber had to be used. 

The simultaneous occurrence of rapid advances in plastic 
technology and mounting public interest in high-quality 
sound reproduction during the late 1940’s provided a logical 
incentive for renewed research in electrostatic loudspeaker 
units (or ESLU).' Recent research has resulted in several 
practical designs which are now commercially available. 
Most of the currently successful electrostatic loudspeakers 
are designed to operate only at the high-frequency end of 
the audio spectrum, however. Very few wide-range designs 


* Research Assistant, Research Laboratory of Electronics 


have been tested, and at present only a very limited number 
are sold commercially. 

The advantages of a wide-range ESLU become immedi- 
ately evident when the principles of its operation are consid- 
ered. The diaphragm in such a speaker is a plastic film 
weighing only a few grams. The force applied to this film is 
distributed over its entire surface. Thus the force developed 
by the transducer operates essentially on the air itself in- 
stead of on a heavy paper cone. Another advantage is the 
control obtainable over the directivity pattern by using 
either curved electrodes or an electrically segmented dia- 
phragm. Because of its relative freedom from resonance ef- 
fects, the ESLU has a much smoother pressure response than 
most electromagnetic loudspeakers. 

In spite of the advantages listed above, a number of 
problems have stood in the way of the development of an 
ESLU to cover the entire audio spectrum. The primary 
problem in the design of a wide range ESLU is that of ade- 
quate low-frequency reproduction. This problem involves a 
compromise between diaphragm area and stationary elec- 
trode spacing. The few existing low-frequency electrostatic 
loudspeakers have attempted to solve the problem by using a 
large radiating area composed of small diaphragm segments.* 
This type of loudspeaker usually has the segments arranged 
in an arc, giving an excellent dispersion of sound at high 
frequencies. At low frequencies, however, it is necessary to 
insure that the diaphragms of all segments operate in phase 
to prevent mutual cancellation. This requirement means 
that (a) the resonance frequencies of the diaphragms must 
all be identical, or (b) the diaphragms must be operated 
with sufficient loading to maintain “in-phase” operation. 
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Both conditions are hard to achieve in practice. 

Another method of producing low frequencies involves 
the use of a moderate size diaphragm capable of large ex- 
cursions. Achievement of large excursions necessitates a 
wide stationary electrode separation and, consequently, a 
large signal voltage. 

Current electrostatic loudspeaker designs obtain a high- 
voltage audio signal by using a standard audio output trans- 
former connected in reverse. This arrangement limits the 
achievable audio signal because of transformer leakage in- 
ductance, core losses, and insulation problems. 

A more satisfactory method of obtaining the high-voltage 
audio signal is through the use of an amplifier capable of 
delivering a large output voltage in the order of kilovolts. 
Achievement of large signal voltage capability then removes 
the restriction on allowable fixed electrode separation and 
paves the way for a wide-range ESLU design using a dia- 
phragm of moderate size. 

A test of the validity of this idea was made by the con- 
struction of an experimental ESLU using a high-output-volt- 
age audio amplifier as the signal source. The following dis- 
cussion outlines the details of the design and testing of this 
amplifier-loudspeaker combination. 


PERTINENT THEORY 


The electrostatic loudspeaker that was studied was basi- 
cally a push-pull design using constant charge operation. 
The theory of this type of electrostatic transducer has been 
worked out very elegantly in the literature.*:-'* Conse- 
quently, the following discussion will cover only the theoreti- 
cal considerations involved in the design of the experimental 
wide-range ESLU. 

It has been shown that if an electrostatic loudspeaker is 
to be truly free from distortion it is necessary that the 
charge on the diaphragm not only remain constant but also 
remain in a fixed position on the diaphragm as it moves be- 
tween the stationary electrodes.* If this condition is strictly 
adhered to, the relationships for the force on the diaphragm 
can be derived very simply as 


fe = QrE(t) newtons (1) 


2, AE, 


where coulombs (2) 


T— 


and 


e(t) 
E(t) = —— volts/meter. (3) 
2d 


€,A 
Defining farads, 
C. E, 
then _= e(t) newtons 
where £,,— bias voltage (volts) 
e(t) — time varying signal voltage 


d — diaphragm-to-electrode spacing (meters) 
A — diaphragm area (meters*) 
€, — 8.85 & 10°™* (farads/meter) 

In Equation(5) the coefficient multiplying e(¢) can be 
thought of as the turns ratio of an ideal electromechanical 
transformer. 

Equation(5) is a relationship derived frequently in the 
literature, usually after the authors have made several as- 
sumptions to satisfy stability and linearity criteria.’°’* 
This underscores an important point: a push-pull electro- 
static loudspeaker operating with a constant stationary 
charge on its diaphragm is an inherently linear device that 
becomes non-linear only under special circumstances; on the 
other hand, a push-pull electrostatic loudspeaker with an 
electrically conducting diaphragm is an inherently non- 
linear device that becomes linear only if certain conditions 
are not exceeded. 

The linearity of the electrical transduction relationship 
must be preserved in the mechanical system if the loud- 
speaker is to be free from distortion. This can be done by 
using sufficient tension in the diaphragm to insure a linear 
compliance. If the tension of the diaphragm is too low, the 
force-displacement relationship will be that for a supported 
membrane. This would be definitely undesirable because it 
involves the third power of the diaphragm displacement and 
is therefore nonlinear. 

When sufficient tension is put in the diaphragm it behaves 
as a stretched membrane. The displacement is then given 
by! 


s=~ (¢-#) (6) 
4T 


when a circular membrane of radius a is assumed and x is 
the displacement at distance r from the center. Z is the 
normal force per unit area, and T is the tension of the mem- 
brane. This linear displacement relationship is accompanied 
by a smaller cubic term for most realizable values of dia- 
phragm tension. For small displacements, however, the 
cubic term can be safely neglected. 


HIGH-OUTPUT-VOLTAGE AUDIO AMPLIFIER 


The following requirements were considered in the design 
of an amplifier to operate an electrostatic loudspeaker: 
a. The output voltage should be at least several kilo- 
volts rms. 
b. The output voltage should be delivered to the 
speaker differentially, i.e., in push-pull. 
. No output transformer should be used. 
. The amplifier should have a gain sufficient to give 
full output for 1 volt rms input. 
. The response should be flat within + 2 db from 20 
to 20,000 cps. 
. Sufficient negative feedback should be incorporated 
so that the output impedance of the amplifier is well 
below the speaker impedance at all frequencies. 
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DECOUPLING 
NETWORK 


Fig. 1. High-output-voltage audio amplifier cireuit diagram. 


The high output voltage required from this amplifier moti- 
vated a search for suitable output tubes. Fortunately, the 
National Union 2C53 high-voltage triode was found to pos- 
sess suitable characteristics. This tube is designed for use 
as a shunt regulator in high-voltage power supplies. 


The performance of the output tubes was investigated in 
a test circuit, and a general push-pull design was evolved 
as shown in Fig. 1. The amplifier incorporates 45 db of 
negative feedback to reduce the differential mode output im- 
pedance to about 6 kilohms at 1 kc/s. A push-pull arrange- 
ment of the amplifier inside the feedback loops allows the 
elimination of cathode bypass condensers without sacrificing 
gain. Because direct coupling has been used wherever pos- 
sible, the phase in the low frequency region is controlled by 
only two time constants. 


The maximum output of this amplifier is 4.5 kilovolts 
rms. It can be delivered into a load requiring up to four 
watts of audio power. The response curve is flat within 
+ 4 db from 20 to 20,000 cps at maximum power output. 
A gain of 80 db provides full output for an input of 0.45 
volt rms. A maximum total harmonic distortion of 0.7 per 
cent was observed at 1 kc/s at an output voltage of 4.3 kv 
rms. 


The unbypassed cathode resistors reduce the common 
mode gain of the amplifier to a value much lower than that of 
the differential mode. This must be done to prevent the hum 
voltage in the 8 kv power supply from traveling around the 
loop and overdriving the output stage. The hum signal does 
not appear in the push-pull output, but an excessive amount 
of common mode hum voltage on the grids of the 2C53’s 
would cause non-linear distortion products to appear in the 
signal delivered to the ESLU. The primary limitation in the 
design of this amplifier is a result of the high impedance 
level of the feedback loop. A voltage rating of at least 6 kv 
was needed, so the use of a resistor of considerable physical 
size was unavoidable along with its attendant stray capacity 
and coupling problems. The middle of the feedback loop is 


at an impedance level of around 13 megohms. Thus a stray 
capacity of only 1.2 »uf could cause high-frequency attenua- 
tion beginning at 10 kc/s. 

The feedback loop limitation made it difficult to stabilize 
the amplifier at the high frequency end by the usual means 
of extending the frequency response of the feedback loop 
far beyond the frequency response of the amplifier. An al- 
ternate method was used. This method consisted of design- 
ing the bias circuit of the final stage so that a large increase 
in signal level on the grids would cause the tube bias to shift 
in the proper direction to reduce the stage gain. The effec- 
tive time constant of the bias circuit, i.c., the time required 
for the bias to shift appreciably, was made about 0.2 sec., 
so the amplifier could pass normal loud transients in program 
material. 

An unfortunate by-product of this method of stabilization 
is a reduction in signal handling capacity above 10 kc/s. 
The power handling requirements of an audio amplifier are 
quite modest above 5 kc/s, however, so it was decided that 
the present design would be adequate. The amplifier chassis 
is shown in Fig. 2. 


EXPERIMENTAL ELECTROSTATIC LOUDSPEAKER 


General Design Considerations 


As mentioned previously, the primary problems involved 
in the design of a wide-range ESLU are in the low frequency 
range. A logical design procedure would first resolve the 
necessary compromise between diaphragm size and allowable 
excursion. For the experimental unit discussed in this ar- 
ticle a circular diaphragm 20 inches in diameter was used. 

The initial diaphragm-to-electrode distance was chosen 
to be % inch. The spacing was selected after preliminary 
experiments with a small ESLU proved that a displacement 
of this order of magnitude was possible. Further modifica- 
tions are anticipated as the design is advanced by experi- 
mentation. 


The Diaphragm Assembly 


The diaphragm material selected was Mylar plastic film 
¥% mil thick. The weight of a sheet of this material is ap- 


Fic. 2. High-output-voltage audio amplifier. 
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proximately equal to that of a sheet of air 7 mm thick. 
Consequently, if the fundamental resonance of the dia- 
phragm is set at a sufficiently high frequency, the higher or- 
der resonances will be completely damped by the resistive 
component of the air load. This damping is necessary if the 
ESLU is to have a smooth response. 

The frequency of the fundamental resonance as deter- 
mined by diaphragm tension was set at the lowest frequency 
of interest in the audio range. When the resonance of the 
“gravest” mode is placed at 20 cps, it has the very beneficial 
effect of increasing the efficiency of the ESLU at the end of 
the audio spectrum where it is usually found wanting. 

The method of mounting the diaphragm is shown in Fig. 3. 
It is stretched between two acrylate plastic annuli with an 
outside diameter of 27% and 28 inches. Its tension is con- 
trolled by wedges inserted between quadrants of the larger 
annulus. Rubber cement was used to hold the Mylar dia- 
phragm to the quadrants. The assembly was prevented 
from buckling when tension was applied by first cementing 
the smaller annulus with the corona ring to the diaphragm as 
shown in Fig. 3b. The smaller annulus (a) was attached 
with a small quantity of rubber cement to allow the cement 
to flow under pressure. Thus when the quadrants of the 
tensioning annulus (b) were forced apart by the wedges 
(c), the stretching action was not blocked by the smaller 
annulus. The friction fit of the corona ring (d) around the 
periphery of the smaller annulus provided the electrical con- 
nection to the diaphragm (e). 

After the assembly was complete, the diaphragm tension 
was adjusted until the design value was reached, as deter- 
mined by deflection measurements. The entire assembly was 
then placed between the fixed electrodes and clamped into 
the baffle to prevent further changes in tension. 


Fig. 3a. ESLU diaphragm mounting. 
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Fic. 3b. Cross section through edge of diaphragm mounting, ex- 
ploded view. 


Before being mounted, the diaphragm was coated with a 
material of high resistivity to give the constant charge opera- 
tion discussed earlier. A commercially available compound 
used for removing the static charge on plastic records was 
found to have a resistivity of the right order of magnitude 
when sprayed on the diaphragm in a thin layer. 

Constant charge operation of push-pull ESLU’s is usually 
achieved by inserting a large series resistor between the bias 
voltage supply and the diaphragm. The value of this series 
resistance is determined by a stability criterion requiring the 
time constant of the series resistance and the electrode-dia- 
phragm capacitance to be longer than the half-period of the 
lowest frequency of interest.'° 

The active electrode-diaphragm capacitance of the experi- 
mental ESLU is approximately that of a parallel-plate con- 
denser of the same dimensions. It was calculated to be 270 
ppf. If 20 cps is chosen as the lowest frequency of interest, 
the required value of series resistance would have to be 
greater than 100 megohms. One is then faced with the fact 
that, if an external series resistor of this magnitude were 
used, any current leakage from the diaphragm would cause 
a considerable voltage drop across this external resistor and 
would reduce the effective bias voltage. 

Even when the required high value of series resistance 
takes the form of a high resistivity coating on the dia- 
phragm, the stability criterion cannot be ignored. In this 
case, however, the resistance and capacitance are distributed 
so that a simple time-constant calculation cannot be made. 
Calculation of the required surface resistivity was based on 
the presumption that the diaphragm shape at maximum ex- 
cursion is paraboloidal."' If the surface were too conduc- 
tive, charge could flow cyclically toward and away from the 
center region. The item of interest, therefore, is the resis- 
tance of the surface as measured from a central region of 
the diaphragm to a region near the supporting rings. A re- 
lation giving this resistance as a function of surface resis- 
tivity can be developed from the equation for the capaci- 
tance of a coaxial cable. Thus, 


T2 
R=— tg (7) 


2x Tr; 


where R is the resistance in ohms measured from a conduct- 
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Fic. 4. ESLU fixed electrode construction. 


ing ring of radius r; to a second conducting ring of radius 
r2 across a surface of resistivity p,. If R is required to be 
larger than 100 megohms and a value of 2 is assumed 
for the radii ratio, p, is required to be greater than 9 10° 
ohms. An average conductivity of 2.5 « 10°” mho (p, = 
4 < 10° ohms) was used in the experimental ESLU. The 
conductivity of the inactive area between the supporting 
rings was made considerably greater than that of the active 
diaphragm to minimize any voltage drop due to current 
leakage. 


The Fixed Electrodes 


Figure 4 is an illustration of the type of electrode construc- 
tion used in the ESLU. It is not considered to be the opti- 
mum design but was used because of experimental flexibility 
and ease of construction. The electrodes are seen to consist 
of two plastic half-rings supporting a wire gridwork. The 
wires are in. iron weldrods and are uninsulated. They 
are embedded in grooves cut in the plastic rings. Additional 
support and vibration damping are provided by the Styro- 
foam strips cemented to the wires, dividing the unsupported 
wire lengths into three unequal parts. 

The spacing of the wires was determined by the electrode- 
to-diaphragm distance. It was necessary that the electrodes 
be electrically equivalent to a solid plate and acoustically 
equivalent to an open window, so a compromise was indi- 
cated. Fortunately, the capacitance of a parallel array of 
conductors spaced a distance d above a conducting plate is 
approximately equal to that between two parallel plates 
until the distance between the conductors becomes appre- 
ciably larger than d. Since the electrode-to-electrode spac- 
ing was % in., a mean center-to-center wire spacing of 
in. was selected as a good compromise. The acoustic resis- 


tance of the resulting grid is negligible at all frequencies of 
interest. 


The Speaker Baffle and Final Assembly 


The baffle used for the experimental ESLU is a 4-foot- 
square piece of 34 in. plywood. This type of baffle was 
chosen because of its simplicity and the experimental nature 
of the project. 

Fig. 5 shows the completed ESLU with its associated high- 
voltage audio amplifier and power supplies. The baffle is 
supported on a wooden base by two cross braces. The high- 
voltage bias supply is mounted behind the baffle on the 
wooden base close to the corona ring charging terminal. 

Because optimization of baffle design was not considered 
to be part of the ESLU design problem, the arrangement 
described above was used throughout all subsequent test pro- 
cedures. The limitations imposed by this type of baffle 
should be borne in mind when considering the results re- 
ported in the following section. The baffle dimension of 
four feet on a side allows front-to-back cancellation to take 
place below 140 cps. Consequently, the sound-pressure re- 
sponse of the loudspeaker could normally be expected to be- 
gin falling off at a rate of 12 db per octave below 140 cps 
(assuming a constant-volume velocity). 

The design of a suitable enclosure would be relatively 
straightforward should this type of loudspeaker prove to be 
desirable as a commercial product. Such an enclosure could 


Fig. 5. Wide-range electrostatic loudspeaker and associated elee- 
tronics. 
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Fig. 6a. Response of first experimental model, 15° off axis, 6 ft 
from ESLU. 

Fic. 6b. Response of improved model after electrical segmenta- 
tion of diaphragm, 15° off axis, 6 ft from ESLU. 

Note: Upper eurve with electrical compensation; lower curve 
without compensation. 


logically contain also the amplifier and the necessary power 
supplies to give an integrated unit with only two input re- 
quirements: a 1-v audio signal from a preamplifier and 110 
volts ac from the power line. 


PERFORMANCE CHARACTERISTICS OF THE 
EXPERIMENTAL LOUDSPEAKER 


The results of the design considerations in the previous 
section were checked by calculating the theoretical response 
of the ESLU. This can be done by several methods, includ- 
ing the one based on a solution of the complete differential 
equation governing the motion of the diaphragm. It was 
found more convenient, however, to use an electrical ana- 
logue circuit, the parameters of which were determined by 
the design values for the electrical and mechanical compon- 
ents. The analogue circuit and the radiation impedance 
were obtained from a text on acoustics.” 

The sound-pressure response measured on the axis of the 
first experimental ESLU compared quite well with that pre- 
dicted by the analogue circuit. The fundamental resonance 
of the diaphragm occurred at 16 cps (20 cps calculated) with 
a secondary resonance at 70 cps. The secondary resonance 
was found to be the “0,2” natural mode of a circular mem- 
brane.’* All higher resonances were effectively damped by 
the air load. A small Fiberglas pad placed in the center of 


one of the fixed electrodes introduced enough damping to 
eliminate the secondary resonance peak without reducing 
low-frequency response. This pad was left in place as a 
permanent part of the ESLU. 

Since the diaphragm was operating as a large piston at 
high frequencies, it exhibited the sharp, beamed response 
expected from a piston 20 inches in diameter. On axis, the 
pressure response rose at 6 db per octave above 150 cps until 
the reactive load on the amplifier caused a high-frequency 
roll-off starting at 8 kc/s. When the microphone was lo- 
cated 15° off axis the response shown in Fig. 6a was ob- 
served. The peak and valley pattern apparent at frequen- 
cies above 2 kc/s is a result of the small secondary lobes in 
the radiation pattern of a large piston. 

A de-emphasis of high-frequency response was accom- 
plished by electrical segmentation of the diaphragm. This 
segmentation was done in such a manner as to cause only a 
small, narrow area of the diaphragm to be driven by high- 
frequency signals while still allowing a low-frequency signal 
to drive the entire surface. Since the physical construction 
of the fixed electrodes utilized parallel-connected vertical 
wires, the insertion of appropriate resistances between the 
separate wires converted the fixed electrodes into an R-C 
transmission line for a centrally applied signal voltage. 

The resistance values selected effectively reduced the 
radiating area by a factor of 2 for each doubling of fre- 
quency. The diaphragm was thus electrically divided into 
separate radiating areas that became decoupled at the cor- 
rect frequency to give the necessary reduction in the total 
area. As a matter of convenience, the radiating surface was 
divided into six separate electrical areas. This manner of 
diaphragm segmentation was easily accomplished and 
seemed to provide as much control of frequency response as 
a larger number of segments. The segmenting resistors can 
be seen in Fig. 4. 

The response of the ESLU after segmentation is shown in 
Fig. 6b. The results show that two benefits were obtained: 
first, the response was much more uniform and the broad 
directivity pattern eliminated the peaks of Fig. 6a; and sec- 
ond, reproduction of high frequencies was improved by the 
reduction of the capacitive load on the amplifier at high fre- 
quencies. The upper curve in Fig. 6b illustrates the effect 
of an electrical network used in the amplifier input to cor- 
rect for some of the low-frequency roll-off caused by the 
4-foot-square flat baffle. 

The transient response of the ESLU was investigated by 
using tone bursts at various frequencies. The loudspeaker 
was observed to follow the input signal accurately without 
“ringing.” 

The waveforms produced by the ESLU at various low 
frequencies are shown in Fig. 7. These waveforms were 
produced at an SPL of 75 db (re 0.0002 pwbar) as meas- 
ured in an anechoic chamber at a distance of 6 ft. on the 
axis of the loudspeaker. Table I lists the distortion of the 


; 52 | 
; a : Ej sei Sot Sa eumepele Sis == cine = | 333322 , 

. ae 
eee 

: 4 7 YY yt \ a 

r We ve 

4 ho iS idle if 

5 iit bit Bes (\ 

d i Bee 2 TH : ae 

: oF 190 1090 10 000 

. a. eps 

| ey IN hare ha 
| ‘Ai ici tm eile 

: ee : 
) ‘ASH ae 

Fr ea ; - = 

. EC as 

‘ » 

“ 20 108 1000 10 000 ‘ 

: Hi cps 

. ee 

; ee 

, po 

‘S 

tt 

, 

t 


A WIDE-RANGE ELECTROSTATIC LOUDSPEAKER 53 


TasBLe I. Combined ESLU and Amplifier Distortion Measurement. 
Microphone 6 ft on-axis, ESLU bias—16 kv. 
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amplifier-ESLU combination as measured at a distance of 
6 ft. (on-axis). Harmonics measuring less than 0.1 percent 
are not listed. 

All previously discussed tests of the loudspeaker were con- 
ducted in an anechoic chamber which provided a reasonably 
good simulation of free space. However, a loudspeaker is, in 
general, not used in free space but in a room with resonant 
characteristics. 

To measure the performance of the ESLU in a more repre- 
sentative listening room, it was set up in a studio with a vol- 
ume of 1350 cu ft. This room had a reverberation time of 
0.8 sec at 500 cps and was designed to have a high diffusi- 
vity. The resulting plot of SPL versus frequency is shown 
in Fig. 8a. 

This is compared with Fig. 8b which gives a plot taken 
in the same room under similar conditions using a “good” 
quality 15 in. electromagnetic cone “woofer” combined with 
a horn “tweeter” in an 8 cu ft. infinite-baffle enclosure. 

As a matter of interest, several plots were taken for dif- 
ferent locations of the ESLU. It was discovered that the 
high-frequency response would remain essentially constant, 
but the low-frequency response was definitely influenced by 


15-20-30 cps 20 - 50-100 cps 
ESLU Wave Forms at an SPL of 75 db, 6 ft on axis 


Fic. 7. Waveforms produced at low frequencies. 


the loudspeaker location. An ESLU mounted in a flat baffle 
of limited size has a cos*@ directivity pattern at low fre- 
quencies. The best location for a speaker of this type would 
be a position where both sound pressure lobes could be uti- 
lized with a minimum of cancellation from wall reflections. 
The location fulfilling this requirement is the center of 
the room. Observations proved this to be true. The “best” 
location was not critical, however, as long as the speaker 
was not placed too near a wall or corner, an interesting con- 
trast to the recommended location for a standard speaker. 
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Fig. 8a. Response of experimental ESLU in a small room, on 
axis, 6 ft from ESLU. 


Fig. 8b. Response of ‘‘good’’ quality electromagnetic woofer- 
tweeter combination in the room used for Fig. 8a. 


CONCLUSION 


A loudspeaker is not a musical instrument; it is a sound 
reproducer. It must, therefore, be able to translate electrical 
signals accurately into audio signals without imposing any 
extraneous tone color on the reproduced sound. Needless 
to say, this “perfect” transducer does not exist at present, 
but it is nevertheless the constant goal for experimental de- 
velopment. 

The wide-range electrostatic loudspeaker, while not a 
“perfect” transducer, does have many desirable features. 
The experimental loudspeaker described in this article has 
shown that the wide-range ESLU is not a practical impossi- 
bility as was formerly predicted. There are, of course, many 
other factors which must still be investigated before the best 
design for a wide-range electrostatic loudspeaker is achieved. 
The present prototype is a long way from the living-room, 
but it does give definite indication that the electrostatic 
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loudspeaker can serve as a wide-range sound source for high- 
quality sound-reproducing systems. 
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(Continued from Page 4) 
digital-to-analogue convertor. Second, a machine may have 
such a large fast memory and use such long words that, by 
storing several of the eight-bit words representing the musi- 
cal signal in each computer word, a reasonably long sample 
of music can be stored. It must be possible to couple an 
analogue-to-digital convertor directly to the machine and 
to convert the digital information at very regular intervals 
either by an accurately timed trigger originating from the 
machine or from an external source. Third, by using slowed 
real time and by connecting an analogue-to-digital conver- 


tor directly to a very fast computer, it may be possible to 
process the digital data as fast as it is read into the com- 
puter. Because of the large volume of information, the time 
taken to analyze or modify each datum must be extremely 
short. If the problem of irregular spacing could be over- 
come, then digital computers would be invaluable for this 
research. 
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(Continued from Page 28) 

I agree with Mr. Brittain on the need for caution in the use 
of pressure-gradient microphones for speech at close range, 
although I should have thought that his minimum distance of 
6ft.—for which the ratio of pressure gradient to pressure at 
100c/s is only 4% above the plane-wave value—a little 
conservative. 

In reply to Mr. Eckersley, while the use of negative feedback 
in amplifiers intended for ihe audio-frequency band usually 
results in the response of the stages concerned being maintained 
up to 100kc/s or higher, I know of no evidence that such a wide 
frequency band is necessary for good reproduction. In the 
equipment demonstrated the upper frequency range was, in any 
case, restricted to some 20 kc/s by the characteristics of the input 
and output transformers of the various amplifiers in the chain. 
The effect of standing waves between microphone and loud- 
speaker is one which has to be taken into account in carrying out 


accurate microphone calibrations, but with modern microphones 
it is usually small enough to be negligible in loudspeaker 
measurements. The microphones used in obtaining the demon- 
stration material were of the high-grade studio type, to which the 
remarks in Section 2.7.4 apply. 

I agree with Mr. Walker that much of our past practice in the 
interpretation of objective tests is based on the general similarity 
of structure which characterizes the simpler forms of loudspeaker. 
Successive developments in design, involving increases in the 
number and spacing of the radiating elements, have made it 
more and more difficult to produce meaningful objective data. 
An extreme example of this trend is to be seen in the large-area 
electrostatic loudspeaker, for which it is impossible, at normal 
measuring distances, to obtain a frequency-response characteristic 
free from ambiguities introduced by interference. The situation 
calls for a careful re-appraisal of all our performance criteria. 
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Book Reviews 


The Junction Transistor and its Applications 
E. Wo.FEenpALE, Editor; The Macmillan Company, New 
York, 1958; 394 pages, 396 illustrations, $7.50 


This book is an excellent background text for the engi- 
neer wishing to gain a facility in the design of circuits using 
the junction transistor. Separate chapters were written by 
separate people. This has the advantage of introducing a 
fresh point of view on each new subject, but there is the 
slight disadvantage that the symbols are not the same 
throughout the book. However, this reviewer found that 
this caused very little confusion. Each section contains at 
least one working circuit with circuit values, which is very 
instructive in learning design procedures; however, the text 
is not a handbook of practical circuits. 

The first third of the book develops many practical 
equivalent circuits, derived first from the physics of the 
transistor. However, for those more familiar with circuits 
than physics this chapter can be temporarily omitted, as the 
same equivalent circuits are later developed from the termi- 
nal characteristics of the transistor. There is a short section 
on parametric circuits derived from the four-terminal net- 
work viewpoint, using h, y, and z parameters. Typical val- 
ues of equivalent circuit components are included to keep 
the reader on firm ground. The appendix gives techniques 
and circuits for measurement of these components—an ex- 
cellent section. 

The next third of the book concerns linear design, and 
demonstrates the use of these equivalent circuits. In par- 
ticular, the lumped constant equivalent circuit may be sim- 
plified in that some components may become unessential in 
different applications, and are therefore omitted or lumped 
in with other components. Step by step analytical proce- 
dures are given for determining the magnitude of critical 
components. Step by step bench test procedures are also 
given for checking and improving the design. This approach 
gives a better feel for what goes on in transistor circuits 
than does the one using four-terminal network parameters. 
Two omissions seemed undesirable, namely current operated 
tone controls in AF amplifiers and the drift transistor in HF 
amplifiers. However, these are well covered elsewhere. 

The remainder of the book covers non-linear or switching 
circuits. This includes analysis and design of such circuits 
as flip flops, multivibrators and blocking oscillators. Also 
there is a short section on transistors as drivers for square 
loop ferrites, and a very comprehensive study of DC to DC 
static converters with design tables and curves. This is an 
extensive use of transistors which is often treated too lightly, 
but which is excellently treated here. 

S. W. Miller 
Computer Techniques Laboratory 
Stanford Research Institute 


Handbook of Noise Control 
C. M. Harris, Editor; McGraw-Hill Book Company, New 
York, 1957, $16.50 


The vital statistics of this handbook read as follows: Its 
thousand-odd pages contain 40 chapters, contributed by “46 
outstanding experts in the field of noise control”—42 of 
the authors show affiliations in the United States; 2 work 
in England (Broadbent’s fine chapter on the effects of noise 
on behavior, though probably somewhat theoretical and ad- 
vanced for the average user, offers both new data and a 
novel outlook), and 2 others in Denmark. The chapters 
have been grouped under the following general headings: 
properties of sound, effects of noise on man, vibration con- 
trol, instrumentation and noise measurement, techniques of 
noise control, noise control in buildings, sources of noise and 
examples of noise control, noise control of machinery and 
electrical equipment, noise control in transportation, com- 
munity noise, and the legal aspects of noise problems. As 
one can judge from these headings, practically all of the 
technical topics have been covered, and in addition, there 
are some chapters on topics that are encountered less fre- 
quently in the technical literature. 

The editor’s purpose seems to have been two-fold: (a) to 
produce the compleat reference book for the 20 professional 
groups he enumerates in his preface and (b) to fill the need 
for an authoritative compendium covering the entire field. 
In this reviewer’s opinion the editor has succeeded to a sur- 
prising degree. Chapters like those on aircraft noise sources, 
on propagation of sound in the open air, on ear protectors, 
on vibration isolation, on the effects of noise on speech—to 


‘name just a few—contain the essential information effec- 


tively and attractively packaged. 

And yet, one cannot help but be equally impressed by 
some of the almost unavoidable shortcomings of such a 
handbook enterprise. The editor’s preface assures us that 
“a handbook presentation has permitted a highly unified 
treatment of the specialized areas—each one covered by an 
expert in his field.” It is precisely this type of unity that 
stands in the way of greater cohesiveness at the level of the 
volume as a whole. Hardly any field of knowledge can be 
partitioned according to the principle “an expert for every 
area, and every area to his expert.” Noise control is, per- 
haps, more than other fields beset by legitimate conflicts of 
interest (for the resolution of which a democratic philosophy 
remains to be developed) and by uncertainties that often 
can be resolved only by appealing to competent people in 
several technical disciplines. Under these circumstances the 
real expert is often the man who—whatever his own area of 
competence—knows whose help must be enlisted when a 
problem needs to be formulated. It is precisely in the for- 
mulation of new problems that the readers and the users 
of handbooks get little help! In the handbook before us, 
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the chapters on “System Considerations” and some of the 
case histories attempt to bridge this customary gap. 

Now to some of the specific weaknesses of this volume. 
Nowhere is there an over-all discussion at more than a 
superficial level of how one goes about establishing criteria 
for noise control. Each expert imports the criteria he likes 
best and the reader, depending on where he starts his search, 
will be presented with a “desirable noise spectrum for re- 
frigeration equipment” or with “recommended acceptable 
weighted sound pressure levels in unoccupied rooms,” or 
with one of several damage risk criteria, etc. 

The index and the bibliographical references seem to have 
been done with less care than one might expect in this well- 
produced book. References to articles and government re- 
ports are often incomplete (title and number of pages are 
not given) ; the same bibliographical item is sometimes listed 


rather differently in different chapters; certain important 
concepts are not listed in the index, while the grouping of 
others appears to have been done in a more arbitrary man- 
ner than is necessary. 

In spite of such weaknesses, this is a valuable handbook. 
In order to produce a better book in the area of noise con- 
trol or, perhaps more modestly, a book that might usefully 
complement the handbook before us, one would need to em- 
phasize strongly a conceptual framework to the solution of 
noise control problems. Such a book could hardly be written 
by one man, but were it to be written by another group of 
experts, it would be desirable that they have a greater 
commonality of views. 

Walter A. Rosenblith 
Massachusetts Institute 
of Technology 


Letter to the Editor 


Dear Sir: 

At our Annual Convention, on Thursday, October 2nd, I 
had the honor, as 1958 Awards Committee Chairman, to 
present the Society’s honors to a number of distinguished 
guests and members. 

In the excitement of the evening I omitted an announce- 
ment concerning the Audio Engineering Society Award. In 
doing so I unwittingly did a disservice to our retiring Presi- 
dent, Mr. Sherman Fairchild. Here is that announcement: 

“It was the unanimous recommendation of the 

Awards Committee that the A.E.S. Award go to Mr. 

Fairchild. This annual award is intended for that per- 

son who contributes most to the advancement of the 

Society. During his term of office Mr. Fairchild exer- 

cised his executive talents to the end that the Society’s 

financial affairs were set in better order, membership in- 


creased, the JoURNAL was brought out of its doldrums, 
and internal differences between Eastern and Western 
factions of the Society were virtually erased. 

“Mr. Fairchild, upholding that tradition of the So- 
ciety which is opposed to Awards to incumbent officers, 
declined the honor with thanks. The Committee, feel- 
ing no second choice should be entertained, then decided 
to withhold the Award this year.” 


I therefore deeply regret my own inadvertence. On behalf 
of the Awards Committee I express thanks to Mr. Fairchild 
for all the services described, and for his graciousness in de- 
clining the Award. 


Sincerely, 
Ross H. SNYDER 
October 7, 1958 
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THE TENTH CONVENTION 


The number and quality of the papers at our Tenth Annual 
Convention, the attendance, the increase in membership, the 
interest in the industry and in the press, all indicated that 
our first ten years have carried us through a growth phase 
and into one of general acceptance as the national meeting 
place for audio professionals, and as their spokesman to 
other groups and to the public generally. 

The technical program, with 71 papers covering every as- 
pect of audio technology, represented the greatest concentra- 
tion of professional papers on audio ever brought together in 
a single program. This gives us a high mark to shoot for in 
the future; but if we keep our momentum with timely plan- 
ning and hard work, we can match or even exceed such a pro- 
gram in coming conventions. 

The Annual Banquet saw the presentation of the Society’s 
annual awards to persons who have had major influence on 
the development of the audio arts. 

Particularly noteworthy, in this Year of the Stereo Wave, 
was the attendance at the Banquet of Dr. Harvey Fletcher 
and of Dr. Leopold Stokowski, each to receive an award from 
the Society. Seated next to each other at the speakers’ table, 
these two no doubt reminisced about their spectacular joint 
efforts of twenty-five years ago, on behalf of Bell Telephone 
Laboratories, in the great public demonstrations of stereo- 
phonic reproduction at Constitution Hall in Washington, and 
a few years later at Carnegie Hall in New York. Dr. Fletcher 
was the scientific and technical general for those two enter- 
prises; Dr. Stokowski was the musical general. 

Another pioneer of stereo who received an award was Dr. 
Geoffrey F. Dutton, of the great English recording complex, 
Electrical and Musical Industries, Limited. Dr. Dutton is 
one of those responsible for the development of the “stereo- 
sonic” two-channel stereo system now being used by the 
E.M.I. recording labels. He was for a number of years an 

_associate of the late A. D. Blumlein, British engineer whose 


Enjoying the meal and the conversation are, left to right, Dr. 
Harvey Fletcher, Leopold Stokowski, Dr. G. F. Dutton of E.M.L., 
and Les Paul. 


Award winner Leopold Stokowski chats with incoming president 
Donald J. Plunkett. 


patents laid so many of the foundations of the stereo disk 
as early as 1929-31. (See papers in the April, 1958 issue of 
the JouRNAL.) 

The exhibit of professional Audio equipment, though the 
time to prepare it was very short, succeeded in attracting the 
support—and after the show, the enthusiastic endorsement— 
of 11 firms which showed their products to the engineering 
fraternity. The professional exhibit evidently meets an ac- 
tive need, since about 40 firms have indicated that they want 
to rent space in future exhibits. 

By restricting the products shown to those used in profes- 
sional applications, and by restricting the attendance to 
members of the Society and others concerned with profes- 
sional audio, the exhibit gives makers of professional audio 
equipment a way of informing the engineering fraternity 
about new products which has long been lacking. 


Exhibitors 


The full roster of exhibitors at the 1958 Convention is as 
follows: 

Ampex Corporation; Audio Accessories Co.; Audio In- 
strument Company, Inc.; British Industries Corporation; 
Electronic Applications, Incorporated; Fairchild Recording 
Equipment Corporation; Gotham Audio Sales Company, 
Inc.; Karg Laboratories, Inc.; Panoramic Radio Products, 
Incorporated; Pickering and Company; Southwestern In- 
dustrial Electronics, Inc. 


Audio Trends Shown in Papers 


Most of the papers presented at the Convention will, of 
course, in due time appear in these pages. Here we will 
point out briefly a few of the main trends in audio develop- 
ment that were disclosed. 

The opening session, on Monday, September 29, included 
four papers on transistors in audio applications. It was clear 
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that the transistor, as far as noise level, distortion, efficiency, 
and general convenience are concerned, now appears most 
attractive as an audio device. 


The Monday afternoon session, Stereo Perception, threw 
emphasis on the problems of loudspeaker placement which 
stereo has brought with it. It was shown that speaker place- 
ment must be correlated with the microphone technique for 
proper stereo effects in reproduction. The conclusion is that 
standardization of microphone technique would be most 
premature. 


The Monday evening session was devoted mainly to prob- 
lems and achievements in electronic, or synthetic music. 
This is the only professional forum in this country for prac- 
titioners of this rapidly growing art, which arouses so much 
interest in European countries. A laboratory built speci- 
fically for the production of “tape music” at Columbia Uni 
versity was described in detail. Here many techniques long 
familiar in recording studios are used with interesting 
changes which adapt them to synthetic music production. 
For instance, variation in the speed of the recording tape, 
one of the principal modification techniques used, is provided 
by driving tape capstan motors with variable frequency oscil- 
lators. 

The twelve papers on disk recording and reproduction, 
given on Tuesday morning and afternoon, were all on stereo 
disk techniques. The five new stereo pickup cartridges de- 
scribed all reflected the need of the stereo disk for lower 
mechanical impedance at the stylus point, as compared with 
the monophonic disk. An important paper showed both the- 
oretically and experimentally the effects of a lack of coinci- 
dence between cutting head and pickup axes, in raising the 
level of crosstalk between channels. 

On Tuesday evening, a symposium open to the general 
public was held, on the subject “The Needs of the Stereo 
Listener.” The panel of experts from the press, radio, and 
from high fidelity selling engaged in a very lively discussion 
with a large audience. 

The Wednesday morning and afternoon sessions, plus that 
on Thursday morning, included 17 papers on magnetic re- 
cording and reproduction which gave a picture of great ac- 
tivity in this area. Basic technology is rapidly being ex- 
tended. Reports covered new approaches to noise and equali- 
zation in magnetic recording; improved methods of deter- 
mining the characteristics of tape and of magnetic recorder 
heads; and extended investigation of the performance of 
magnetic tape at low speeds. Some new devices reported 
were: the four-track magnetic tape cartridge; a grooved 
magnetic disk system; and magnetic recording belts using 
oxide-impregnated rubber. 

The session on “Measurements and Standards in Audio,” 
on Thursday afternoon, included four papers on various as- 
pects of audio measurement. 

Two papers read on Friday morning gave somewhat dif- 
fering approaches to stereophonic broadcasting by FM Mul- 


e banquet table: (left to right) Vera Zorina (Mrs. Leiber- 
, guest speaker Goddard Leiberson, Society retiring president 
Sherman Fairchild, and toastmaster Ross Snyder. 


tiplex. The question was raised as to effects of using mul- 
tiple subcarriers on the quality of the signal in the main 
channel, and on a stereophonic signal using the main and 
one subcarrier. Further investigation in this area will cer- 
tainly be made, with the extremely rapid spread of experi- 
mental stereo broadcasting to indicate strong commercial 
interest. 

The papers on studio and speech input equipment, on Fri- 
day afternoon, showed the to-be-expected concentration on 
arrangements for stereo. Techniques differing from most 
American practice were described in a paper on the monitor- 
ing loudspeaker system developed by the West German 
Broadcast System. The German designers have strongly 
emphasized the production of a spherical radiation pattern. 

Among Friday evening’s ten papers on loudspeaker design 
and application were two giving new approaches to the eval- 
uation and testing of speakers, an area in which improved 
methods are certainly welcome. Two papers which reviewed 
the theory of low-frequency speaker action were noteworthy 
for thoroughness. A three-channel stereo speaker system, 
using a “phantom” or reconstituted center channel and a 
combination of the bass frequencies from the two channels 
into one center speaker, was the principal attempt at a spe- 
cialized solution of stereo speaker problems. 


Speakers and Awards at Annual Banquet 


The Banquet, held Thursday night, October 2nd in the 
Terrace Room of the Hotel New Yorker, was attended by 
136 members and guests. The guest speaker, Goddard Lieb- 
erson, president of Columbia Records, Incorporated, estab- 
lished strong rapport with his audience with reminiscences 
of his joint ventures, with recording engineers and techni- 


cians, in the production of recordings. He had a serious 
point to make: that audio engineering could only increase in 
social importance, now that the ear has become equal to the 
eye as a human instrument for obtaining information and 
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Shown above are Harry L. Bryant (center), president of Radio 
Recorders, of Hollywood, and Oliver Berliner (right), president of 
Oberline Incorporated, Hollywood, chatting at the annual banquet. 
Mr. Bryant’s election as Executive Vice President of the Society 
was announced at the banquet. Mr. Berliner, a grandson of Emile 
Berliner, inventor of the flat disk method of phonograph reprodue- 
tion, presented the Emile Berliner Award of the Society to Charles 
C. Davis, of the Westrex Corporation. Following his election Mr. 
Bryant immediately started preparations for the 1959 West Coast 
Convention of the Society planned for Los Angeles in February, 
with a call for titles of engineering papers to be presented at the 
technical sessions. 


entertainment. Mr. Lieberson called this a great historic de- 
velopment, balancing out the emphasis on the eye that began 
with the invention of printing in the 15th century. 

Ross Snyder of the Ampex Corporation, as master of cere- 
monies, introduced the speakers. The election of officers, 
announced at the banquet, is covered elsewhere in this issue 
of the JouRNAL. Sherman Fairchild, as outgoing president, 
gave the Society a warm and graceful farewell speech; and 
Donald Plunkett, as incoming president, respectfully de- 
clared himself fully at the service of the Society. Following 
this, Mr. Snyder, as newly elected chairman of the Awards 
Committee, presented the following awards: 

The award to Dr. Fletcher was the John H. Potts Memo- 
rial Award, given annually to an individual who has made 
outstanding contributions to the improvement of audio en- 
gineering. Dr. Fletcher’s many investigations into the 
fundamentals of hearing and the reproduction of sound, 
while he was Director of Physical Research at the Bell Lab- 
oratories, made him as important as any other single individ- 
ual to audio progress over the past 30 years. In accepting 
his award, Dr. Fletcher said that his work had all been fun; 
he did what he did because he enjoyed it. He passed this 
along as a formula for success in life. 

The Emile Berliner Award was presented to Charles C. 
Davis of the Westrex Corporation, with some preliminary re- 
marks by Oliver Berliner, grandson of the inventor of the 
disk recording method. Mr. Davis is responsible for ad- 
vanced recorder film drives used in the motion picture indus- 


try, and is one of the principal developers of the Westrex 
stereo-disk cutter. 

Honorary Memberships in the Society went to Dr. Stokow- 
ski and to the following: 

Dr. H. W. Bode, vice president of Bell Telephone Labora- 
tories, for his contributions to the mathematical theory of 
the feedback circuit; Dr. E. F. Dutton of E.M.I.; and Les 
Paul, popular singer and leading practitioner of the multiple 
voice-on-voice tape recording technique. 

Posthumous Citations went to: James B. Lansing (ac- 
cepted by Mrs. Lansing), for his work on loudspeaker sys- 
tems; and to Dr. A. D. Blumlein, (accepted by Dr. Dutton). 
In accepting this citation, Dr. Dutton reminisced delight- 
fully about his years of association with Blumlein, in particu- 
lar describing events during Blumlein’s work on radar in the 
early part of World War II. 


Fellowships in the Society were given to the following: 

Charles C. Davis; Dr. Bob Hugh Smith, of the Radiation 
Laboratory of the University of California; Roy Dally, of 
the General Electric Company; William S. Bachman, Direc- 
tor of Engineering, Columbia Records; William S. Milten- 
berg, Chief Recording Engineer, RCA-Victor; and Charles 
Lauda, Jr., Chief Engineer, Decca Records. 

Our 1958 Convention was the most rewarding in the 
Society’s history. 


Among the newly elected Fellows of the Society: (left to right), 
Dr. Bob Hugh Smith of the University of California, W. 8. Bach- 
man of Columbia Records, Inc., and Ray Dally of General Electric 
Co. 


ELECTION RESULTS 


The results of the Annual Election for the year 1958-1959 
were announced at the Banquet, October 2, 1958. 


New Officers 


Donald J. Plunkett, Capitol Records, Inc., New York City, 
is the new president of the Society. He succeeded Sherman 
M. Fairchild, Fairchild Recording Equipment Corp., New 
York City, who now becomes a member of the Board of 
Governors. Other new officers elected were Harry L. Bry- 
ant, Radio Recorders, Los Angeles, executive vice president; 
Arthur G. Evans, RCA, Indianapolis, central vice president, 
and Dr. Vincent Salmon, Stanford Research Institute, Menlo 
Park, Calif., western vice president. 
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Reelected were secretary C. J. LeBel, Audio Instrument 
Co., New York City and treasurer Ralph A. Schlegel, RKO 
Teleradio Pictures, Inc., New York City. 

Newly elected to the Board of Governors were Frank E. 
Pontius, Westrex Corp., Hollywood; Ross H. Snyder, Ampex 
Corp., Redwood City, Calif., and S. Edward Sorensen, Co- 
lumbia Records, Inc., New York City. 


Amendments to the By-Laws 


On January 7, 1959, the Board of Governors met to count 
the Ballots to Amend the By-Laws of the Society. The 
result was: In Favor, 545; Opposed, 50. 

Thereupon, the Chairman declared the following Amend- 
ment to the By-Laws duly adopted: 

Article VII, Section 1 (Article V, Section 1 of old 
Constitution)—-Change “most recent Past President” 
to “most recent Past Presidents.” 

Article VII, Section 2 (Article V, Section 4 of old 
Constitution )}—Add following paragraph after present 
text: 

“The most recent Past Presidents shall serve as Gov- 
ernors for the three year period immediately following 
their term of office as President. This provision extend- 
ing the term of a Past President shall apply to the in- 
cumbent past president at the time of the termination of 
the balloting on this amendment.” 

Article XI, Section 3 (Article V, Section 14 of old 
Constitution )—Change to read; 


“With the exception of the Editor, who shall be ap- 
pointed by the Board of Governors, and the most recent 
Past Presidents who shall be members of the Board of 
Governors, all officers and governors shall be elected by 
the members as provided in this Article.” 


NEW COMMITTEE APPOINTMENTS 


The following Committee Chairmen have been appointed 
to serve during 1958-1959 by Donald J. Plunkett, newly 
elected President of the Society. 

Admissions: Clyde R. Keith 
Bell Telephone Laboratories 
Murray Hill, N. J. 
Ross H. Snyder 
Ampex Corporation 
934 Charter Street 
Redwood City, Calif. 
Harry L. Bryant 
Radio Recorders 
7000 Santa Monica Blvd. 
Hollywood 38, Calif. 
R. A. Schlegel 
4237 Union Street 
Flushing, N. Y. 


Awards: 


Convention: 


Finance: 


Historical: Chester A. Rackey 
National Broadcasting Co. 
30 Rockefeller Plaza, 

New York 20, N. Y. 
Vincent J. Liebler 
Columbia Records 

799 Seventh Ave., 

New York 19, N. Y. 
Walter O. Stanton 
Pickering & Company, Inc. 
Sunnyside Ave.. 
Plainview, L. I.. N. Y. 


Sherman M. Fairchild 
17 East 65th Street 
New York 21, N. Y. 


John M. Hollywood, 
co-chairman, 

CBS Laboratories 

737 High Ridge Road, 
Stamford, Conn. 

Charles Graham. co-chairman 
Electronics 

McGraw Hill Publishing Co., 
330 West 42nd Street 

New York 36. N. Y. 


Miss Jacqueline Harvey 
Harvey Associates, Inc. 
580 Fifth Ave.. 

New York 36. N. Y. 


Laws & Resolutions: 


Membership: 


Nominations: 


Papers Procurement: 


Public Relations: 


Publications* 


Sections: Donald J. Plunkett 


Capitol Records, Inc. 

151 West 46th Street, 
New York 36, N. Y. 
Ruben E. Carlson 
Fairchild Recording 
Equipment Corp. 

10-40 45th Ave. 

Long Island City 1, N. Y. 

* At a meeting of the Board of Governors, January 9, 
1959, it was voted unanimously to abolish the Publications 
Committee; and the Editor was requested to appoint and 
chair a Board of Editors to assume the duties formerly un- 
dertaken by this committee. 


NEW TECHNICAL COMMITTEE ON MAGNETIC 
RECORDING FORMED 


Under the chairmanship of Mr. Walter H. Erikson (RCA, 
Camden, N. J.), a new technical Committee on Magnetic 
Recording has been formed. Its duties will include keeping 
the members of the Society informed on current develop- 


ments in the field of magnetic recording through the pages 
of the JoURNAL. 


Standards: 
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information for Convention and/or JOURNAL Authors 


SUGGESTIONS FOR PREPARING MANUSCRIPTS, PHOTOGRAPHS, CHARTS, 
DRAWINGS, AND LANTERN SLIDES; LETTERING SIZES, MAILING 


A Journal of original record. Papers orig- 
inally published elsewhere or promised for 
publication elsewhere are not accepted for 
presentation at Audio Engineering Society 
Conventions or for publication in the Jour- 
NAL OF THE AES. In rare instances, excep- 
tions may be made by the. Convention and 
Publications Committees at their discretion. 

All papers presented at AES Conventions 
are automatically considered for publication 
in the Jourwat. 

Free and clear. It is assumed that all 
manuscripts submitted to the AES are offered 
free and clear. Any paper accepted for pre- 
sentation before the Society or for publica- 
tion in the Journat or THe AES becomes the 
exclusive property of the Audio Engineering 
Society. Complete publication rights are held 
by the AES for primary publication in the 
Journat. 

Permission to reprint—in whole or in part 
—papers originally published in the JournaL 
or THE AES is usually granted freely by the 
Publications Committee upon written request 
and provided the authors agree. 

Multiple bylines. If the paper is to have 
more than one author, the exact form of the 
byline should be indicated on the manuscript 
and will be considered correct by the AES 


as given. 

Vital data. Make sure that the first page 
of your manuscript carries your name pre- 
cisely as you would like it rendered in the 
event of publication. If your business, pro- 
fessional or academic affiliation is to be given, 
this, too, should be included. If your posi- 
tion bears a formal title, you may include it. 

Typing the manuscript. Only one side of 
the sheet should be used. Margins should be 
at least one inch wide on each side. Triple 
spacing is preferred. 

Reviewing of the manuscript is speeded up 
considerably if several copies are submitted. 
(This is helpful but in no sense mandatory.) 
The copies may be clear carbons, mimeo- 
graphed sheets, copies made on a “spirit” 
duplicator, or blueprints. Review copies of 
diagrams, schematics, and graphs may be 
made by any convenient process. 

Abstract. The author should precede his 
text by an abstract summarizing the paper in 
general. The abstract may include a sum- 
mary of observations and conclusions set 
forth. 


Subheads. Subheadings for important sec- 
tions of the paper make it easier to read in 
printed form. 

References. References to periodical litera- 
ture should include the author’s full name, 
exact title of the article or paper cited, full 
name of the publication, volume number, 
page numbers, month, and year. Book refer- 
ences should include the author’s full name, 
full title of the book, the specific page or 
pages referred to, the publisher, place of pub- 
lication, and year of publication. References 
to patent literature should preferably be 


INSTRUCTIONS, ETC. 


given as follows: name, number of the patent 
(U. S. or foreign), date of filing, and date of 
issue. A brief description of the patent is 
helpful. 


Mathematical symbols. Care should be 
taken to make all mathematical expressions 
clear to the printer. All Greek letters and 
any unusual symbols should be identified in 
the margin. Only the very simplest formulas 
should be typewritten: all others should be 
written in carefully in ink. Do not neglect 
to give the meanings of all symbols used. 


Captions for illustrations. A caption— 


properly identified—should be supplied for 
each illustration and a legend for ezch chart. 
These captions should be listed—in complete 
form and consecutively—on a single sheet of 
paper. 

Photographs. All illustrative material 
needed for a particular manuscript should be 
referred to specifically in the text and should 
accompany the manuscript when it is mailed. 

Photographs and drawings should be pre- 
pared carefully to insure good reproduction. 
Photos should be standard 8 in. x 10 in. glossy 
prints. Since extremely fine detail tends to 
be obscured in all reproduction processes, it 
is often advisable to include a separate pic- 
ture—i.e., a “closeup”—of any highly signifi- 
cant detail, in addition to the general view 
which describes the overall field. 

Drawings. The reproduction copies of 
sketches, of curves, or schematics (as distin- 
guished from any review copies submitted) 
should preferably be original drawings in 
India ink on white paper or on tracing paper, 
8% in. x 11 in. Curves made on conventional 
graph paper will reproduce poorly, but black 
India ink tracings, in which only the princi- 
pal cross-section lines are rendered, are satis- 
factory. 

Sharp, high-contrast photographs of line 
drawings are acceptable. 

Please do not send black-and-white lantern 
slides or color transparencies for publication 
—only photographic prints or original draw- 
ings should be submitted. 

Lettering. On the aforementioned 8% in. 
x 11 in. sheets, lettering and numerical data 
should not be less than 0.12 in. high. Neces- 
sary labeling should be lettered onto curves 
and sketches. On the other hand if extensive 
descriptive material is needed, it is better to 
put such information into the typewritten 
captions rather than to attempt to letter the 
information onto the curve or sketch. 

Mailing. Mail one copy of your manu- 
script to the Convention Chairman. This 
copy is for scheduling and publicity pur- 
poses. Please mail all other copies of your 
manuscript to the Secretary. 

Mail that copy of the manuscript which is 
accompanied by the reproduction copies of 
your illustrative material (the editor’s copy) 
flat, with plenty of stiff cardboard enclosed. 
It is advisable to mark the envelope 
“PLEASE DO NOT BEND.” 


ORAL PRESENTATION OF THE PAPER 

Time allotment. The average time allowed 
for any paper, unless the author requests 
more time on his Author’s Form, is 20 
minutes. If you are not going to deliver 
your paper in person, please supply the name 
of your alternate to the Convention Chair- 
man as early as possible. 

Special oral version. An informal version 
of approximately 20 minutes, having an air 
of spontaneity, is usually more effective than 
a rushed verbatim reading of the manuscript 
exactly as written for publication. Many 
authors, after submitting the formal full- 
length version of their paper for publication, 
prepare an informal version for their guid- 
ance during oral delivery. 

Demonstrations. Demonstrations always 
add interest. They should be set up well in 
advance of the particular session for which 
they are intended and tested under actual 
operating conditions. The Convention Com- 
mittee will cooperate in every way within 
its power. 

Facilities. If you expect to need a black- 
board or any special facilities (electric power, 
large table or tables, etc.) please notify the 
Convention Chairman as early as possible. 

Lantern slides. Photographs, diagrams, 
charts, and curves intended to accompany 
oral delivery should be in the form of stand- 
ard American lantern slides (3% in. x 4 in.) 
or 2 in. x 2 in. transparencies. The long 
dimension of the projected area should be 
horizontal in the standard slide, but may be 
either horizontal or vertical in the 2 in. x 
2 in. slide. 

PLEASE NOTE: Opaque projection of 
paper prints or drawings is not recommended. 
Nor can we guarantee that facilities for this 
type of projection will be provided. Because 
of the dimness of the image, opaque projec- 
tion is unsatisfactory for large audiences. 

Lettering on lantern slides. Charts, dia- 
grams and curves from which lantern slides 
are to be made should be held within the pro- 
portions or overall dimensions of 7 in. x 10 
in., with no more than 20, and preferably 
only 15 words to a chart. Vertical Gothic 
capitals are recommended. 

For a 7 in. x 10 in. working area, the 
smallest desirable letter height is 0.14 in. 
(made with a Leroy pen 0 or Wrico pen 7). 

Recommended, too, are the following line 
widths: 

For curves—1%4 to 2 points or 0.021 
in. to 0.028 in. 

For grid rules—% point or 0.007 in. 

For reference lines—i point or 0014 
in. 

Thumb marks. To indicate proper orienta- 
tion, a thumb mark should be placed in the 
lower left-hand corner of the slide, when the 
latter is viewed as it will appear projected on 
the screen. 

More complete information on lantern slide 
dimensions is given in American Standard 
Dimensions for Lantern Slides, Z38.7.19-1950 
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SUSTAINING AFFILIATES 


Grateful thanks of the Audio Engineering Society are hereby extended 
to the following organizations which, as sustaining members of the Society, 
help make this publication possible. These organizations are: 


Acoustic Researcn, INc. 
Artec LANsING CorporaTION 


AMI INcorporatep 

Ampex Avunio, Inc, AMpex CorPoraTION 
Aupio 

Aun Devices, Inc. 

Avup1o Matrix Corporation 

B. anv C. '‘Recorpine, INc. 

BarmisH INpustries CorPoraATION 

Carrrot Recorps, Inc. 

Co_umpBi1A Recorps, INc. 

ComPoNENTS CORPORATION 

DictaPHONE CorPorATION 

FaircHiLp Recorpinc EquirpMENT CorPorATION 
Harvey Rapio Company, INc. 

Hic Fmeutry, Aupiocrart 

InstiruTE oF HicH Fivetity MANUFACTURERS, INC. 
INTERNATIONAL Business MACHINES CORPORATION 
James B. Lansinc Sounp, INc. 

McIntTosH Lasporatory, INc. 

MEASUREMENTS CORPORATION 

PERMOFLUX CORPORATION 

PickerInc & Company, INc. 

Reeves Sounp Srupios, Inc. 

Reeves SOUNDCRAFT CoRPORATION 

Rex-O-Kut Company 
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